FEE X
O+ & B R

ERARABATRERE &

Broadband Wireless Information Access for e-Building

AREBARHELE oA PAMENE

wEgn ) AR E e 3
T 2463  NSC—93—2213—~E—002—001
Sy 93%& 18 18% 934 124 318

HEEHAZER

HAEEHEA BAE - 2RF - BAUEH - REZ BB FRl

HELBABR  EEHE - BEHY - TRAS - FeF AP - BIHE
S~ Ea8 thEM RES S RBME - EIFE R
— L s REE S TRF R L

AERLEBA(REEBAFERRER)  OMfRE MERS

ARRBE QAT BET LM

(LB b 2 AT B A3 ds — B
BEPGCTAEE ST )

W B2 RO RERBR LIRS D
OEgefm Rt AR EREE —H

EEF X RASLOEBMRITE - BRALZEBHAAFTETARNE -
FIEERTFREMES - B LHEN
(& sdwesgpizsg (-0 F4TrMEN
$iTEM AL EEALTRIEZLRERREA

# 2 R B 9% 3R 29 8




HEARBRLE SN

THE—: ZAHREHE - HE - PHRRBEILTBERLHCEER). .. .. 1
%'::'f‘_%‘-:- ﬁ:ﬁ{%’%ﬁﬁijﬁg@ﬂ?ﬁ%‘f‘ (Eﬁ.‘ﬁ:é) ................................. 8
FitEz: AANAKERERZABFINEIPHRIRATRA(ZET) 13
FHE®: BANAKEBZITARABEERAEL (AL - 17
FHEEL: HBFROMBEA AR ZRREH (FIE) oo 23
FitEx: & IEEE 802. 11e WALNs 324 — RS B T @ (BB o 27
FeE-E: BGMEB SRR ERIFH LR KR MPEC-4 2 38

fd o —

MR RIEE B 2R (BBA) e, 39

R XBRBARBA

Fir&E—:

<>

<>

Chun-Chih Hou, Ching-Chi Chang, and Chorng-Kuang Wang, “‘4
Dual-Band IEEE802.11a/b/g Receiver Front-End Using Half-IF and Dual
Conversion,” AP-ASIC 2004, Fukuoka, Japan, Aug., 2004,
Tsung-Chieh Pao, Ching-Chi Chang, and Chorng-Kuang Wang, “4
Variable-Length DHT-Based FFT/IFFT Processor for VDSL/ADSL
Systems,” APCCAS 2004, Taiwan, R.0.C., Dec., 2004.
Wei-Hsiang Tseng, Ching-Chi Chang, and Chorng-Kuang Wang,”
IEEE 802.11a WLAN Transceiver Using Self-Correcting Digital Timing
Recovery Design And Implementation,” VLSI Design/CAD Symposium
2004, Pingtong, Taiwan, R. O. C.
Chun-Chih Hou, Ching-Chi Chang, and Chorng-Kuang Wang,
“Inductor-Aided Gain, Noise Figure, and IIP3 Enhancement Techniques
Jor Active Mixer and the Application in Dual-Band Receiver,” VLS]
Design/CAD Symposium 2004, Pingtong, Taiwan, R. Q. C.

Fitg—:

&>

C.J. Jan, P. H. Lin, and T. D. Chiueh, “An OFDM WILAN Baseband




Receiver with Space Diversity, “AP-ASIC Conference, Fukuoka, Japan,
August 2004,

< Sang-Jung Yang, Yi-Ching Lei, and Tzi-Dar Chiueh, “Design Design and
simulation of a Baseband Transceiver for IEEE 802.16a OFDM-Mode
Subscriber Stations,” APCCAS 2004, Taiwan, R.0.C., Dec., 2004.

< Chi-Yeh Yu, Zih-Yin Ding, and Tzi-Dar Chiueh, “Design and Simulation
of a MIMO OFDM Baseband Transceiver for High Throughput Wireless
LAN,” APCCAS 2004, Taiwan, R.0.C., Dec., 2004.

TitE=:
< Jih-Chiang Yeo, Huai-Y1 Hsu, and An-Yeu Wu, “4 Scalable Reed-Solomon
Decoding Processor based on Unified Finite-field Processing Element
Design,” IEEE Workshop on Signal Processing Systems (SiPS-2004),
Austin, USA, Oct. 2004,

FitEw:
< Ya-Lan Tsao, Wei-Hao Chen and Shyh-Jye Jou, “Buffering Hardware
Nested Loop of Parameterized and Embedded DSP Core,” The 12th
Workshop on Synthesis And System Integration of Mixed Information
technologies, 2004,
< Ya-Lan Tsao, Jun-Xian Teng, Maw-Ching Lin and Shyh-Jye Jou, “Low
Power Correlator of DSP Core for Communication System ,” The 2004

IEEE Asia-Pacific Conference on Circuits and Systems

< Ya-Lan Tsao, Yu-Chun Lin, Wei-Hao Chen, Bo-Shiang Huang and Shyh-Jye
Jou, “A module generator for parameterized DSP core,” The 2004 IEEE
Asia-Pacific Conference on Circuits and Systems

< S.J.Jou, K. Y. Jheng, H. Y. Chen H. Y. Chen, and A. Y. Wu, “Multiplierless
Multirate Decimator/Interpolator Module Generator,” IEEE Asia-Pacific
Conference on Advanced System Integrated Circuits (AP-ASIC 2004), Aug.
2004 pp. 58-61.

FHEE:
< Hung-Kai Chen, and Chau-Chin. Su, “Convolusion Based RF Transceiver
Testing Methodology,” Proc. IEEE VLSI Test Symposium 2004, Monterey
CA, USA.
< Hung-Kai Chen, and Chau-Chin. Su, “Convolusion Based RF Transceiver
Testing Methodology,” VLSI Design/CAD Symposium 2004, Pingtong,
Taiwan R. O. C.

FiEN:
< Hsi-Lu Chao and Wanjiun Liao, “Fair Scheduling with QoS Support in Ad

IT




Hoc Wireless Networks,” accepted by IEEE Transactions on Wireless
Communications, 2004,

< Hsi-Lu Chao and Wanjiun Liao, “Channel Compensation for Multimedia
Wireless Ad Hoc Networks with Channel Errors,” IEEE Transactions on
Wireless Communications 2004,

<> Wanjiun Liao, Chang-Jung Kao, and Chin-Hei1 Chien, “Improving TCP
Performance in Heterogeneous Mobile Networks,” IEEE Transactions on
Communications, April 2005.

< Wanjiun Liao, “The Behavior of TCP over DOCSIS-based CATV
Networks,” accepted by IEEE Transactions on Communications 2004.

< Jiunn-Ru Lai and Wanjiun Liao, “Modeling User Mobility for Reliable
Packet Delivery in Mobile IP Networks,” Proc. IEEE PIMRC 2004,
Barcelona, Spain, Sept. 2004,

< Hsi-Lu Chao and Wanjiun Liao, “Fair Scheduling on Ad Hoc Networks
with Channel Errors,” Proc. IEEE VTC-Fall 2004, Los Angeles, CA, Sept.
USA.

< Jia-Chun Kuo and Wanjiun Liao, “Modeling the Behavior of Flooding on
Target Location Discovery in Mobile Ad Hoc Networks,” accepted by IEEE
ICC 2005, Korea, June. 2005.

< Chong-Wei Bao and Wanjiun Liao, “Performance Analysis of Reliable
MAC-Layer Multicast for IEEE 802.11 Wireless LANs,” accepted by IEEE
ICC 2005, Korea, June. 2005.

FiEx:

< Chung-Yuan Knight Chang and Eric Hiao-Kuang Wu, “SARS : A Linear
Source Model Based Adaptive Rate-control Scheme for TCP-friendly
Real-time MPEG-4 Video Streaming,” WCMC 2004

<> Eric Hsiaokuang Wu, Hsu-Te Lai, and Meng-feng Tsai,” Low Latency and
Efficient Packet Scheduling for Streaming Applications”, Proceedings of
IEEE ICC 2004.

< Eric Hsiaokuang Wu, Chien-Shao Tseng, ChungYuan Chang, and
Meng-feng Tsai,”TMRC: A Load-Adaptive TCP-Friendly Rate Conirol
Protocol for Real Time Multimedia Applications” Proceedings of IEEE
ICC2004.

< Yu-Liang Kuo, Eric Hsiaokuang Wu, and Gen-Huey Chen,
“Noncooperative Admission Control for Differentiated Services in IEEE
802.11 WLANs: Game Theoretic Framework”, Proceedings of IEEE
Globecom 2004, Dallas, Texas.

HI




Wak= ¢ S E AR AR

Még= it EARREHHEBAB
& R MIMO-OFDM #4259 £ 4 ERER L ANRREZRCLA) -
SHAEEHRE: RER

ke BERAERHETRORRERERZIBX

MERE - FHRITH

v




— ~ HICiEER

AIMESHEIMAEKE R AL
[EB LSRG MEB R ERE
HE I RE LA BNt E
AR F (4 VoIP -~ Video Streaming -~
Internet Access)3¥ ity ~ BE#L % # &
(Discrete Multi-Tone, DMT) 1% & 4%
#5 ~ 802.16 4 %A % T (OFDM) 3 4 -
DMT/OFDM i % S EHR R 42
AUGMTB R ABEE%E - T4
€42 2 8| 11GHz 4R T3 B R ik
AT 3% 13T & B £ 4% ~ DMT/OFDM # 3§
RBREATHEH 32 5GHz SHHERTE -
802.11a 57 802.11g $HAE A EAR T
Bk~ £ %R & S48 Sofi-radio DSP
ik MBI EZHE

FHEA=ZFHE2E £ >
AFHE-msRHATR—HE
i§ A # IEEEB02. llamriT R &Y B ik &
REREBRFREGARARNA L &
IR BRI o B sE4 S 4 IRET
3% 3% 3 — i@ A # IEEER02. 11a/b/g =
HESR(2. AR5, 8GHz) 65 BE% - Rl o4y,
St ARE ST RMBBBESF
HIBEER AA(SoC)MKRE - B4
FHE—HFTAATEREIERE
REXRSHESLEELZRBRER
FERERTER IS UFHRTR
BREHTHORE LN ERB- £
PTEREAKEREABHERALIEHANS
EMBEL MRS T HWN > mBHRE
€ & M, 4932 8 4 A IEEE 802.16-2004
R EHHUBREHE R M ASOE
AIE B IFRL MM - REFLABR
T m ) EBER 5T UFPGARE
BiG e SFENARER G HER
HBECTHEEREFRITRM MR

FPGARREE « £THEZ T4 R
£ 4% & = 48 3% (JEEER02, 111) st Bt Ao
BERELATRBREMp BE R ML
MRt AR TR - B
gh o P RAMBANT DR ER SN A &
A BN EE HHASALEBR
TR ME S BBRE - FdsS
AR ERL TR tH
REMBERALSHBAEIL - A
FHEONRG - RMIEXATTHRA
RABDSPH-CHR - BRLEBRLESL E
(Multi-DSP)DSP #2 #% 2 &% & 1 & DSP
BoZIPIEK R - bz oh RMEA
THAARAREER SRS 58 £ E4E
BIHBEELE - ERERBE G
EL B anit SR BAEBEY
HRAARIKEERIR I RFAS
BATHEZN HEFTHE—
ARAEEARBWR PHERRMRE
RARGERTSB P2 P HERMEE
BEEGT R AR ERRER
AL BEHE SORMHELREAES
AL BAEY THARMRBAZHS
RAOBESNBX PHAHEMSA - £
Mok AR ML B A SR
o BESEINHNEREE B
oo B R EBFET ARG B
BA-BAMEZLRAAGMHERE
ARAZEHY - AHMK T LI}
Bh4HR B SR B o
FiE A 4802.11e WLANs#Z
# 18 % ;3 BIWF-SP & IDFQ-SP » 4 %] 11
backoff interval Zinterframe space® %
HURBABACKE B LY > &
HEHARLIBF REHE 5535
X0 RET » KM Faeisk
BHBEFENEE RABEE LK
EiF R REDCAS th# - 3 & R 25




7~ BIWF-SP B IDFQ-SP £ 3 1% # ¥ &
HHRIEABREEETFRATFDE R
1 69 tk EDCAF » #0 IDFQ-SP bt # 42
# + BIWF-SPAEX B A#KILBELRT
4k ; 124w BIWF-SPH #: &4 3% - IDFQ-SP
& 8% 4F 6 aggregate throughput & $% &
Ttk E - REESE - ERMEFE
A K H802. 11T XFE
M 4R4R i8S #£.802.11 WLANs#E ¥ 518
ACRBIRMBRESE - TihEtz
%o R a5 A K R FMPEG-4 B ey
AAEE TGN EERNGTH
WREEHAS  —BTUY R
WEMRE > BENMEEEESHGT
ARARRMTeyTHBMR BT %
P LIEERBERRTER . H— A
RELBKREBBERTOTES %
BeEEES  BEZHHMHER
HAE THUELREREFLE
BETHASMAL BB 0-FHERA
BT BT X -

RREEGA

SRS RAEY - BR - THE-
EZ ST REBCHEASR - B4
FEBHEH - FEHMAFELE -
HRERBRIREE ~ R R
FIRE RS A ~AMBA - B e
fLiktt ~ DSP 4w ~ A~ TEH
fe~iTmA -~ 258 %F - B4E -
AR AT TR
AR ~ T 48 AR & K 473 - MPEG-4 ~
WERBEH - REREHEY-EE
>~ BREHR

V1




Abstract

The NSC-IT
includes wired and wireless wideband

integrated project

communication systems. In the wired
system, multimedia and multi-service,
e.g. VolIP, Video streaming, and Internet
Access are included. For the physical
multi-tone  (DMT)
IEEEB02.16
DMT/OFDM
and VLSI
circuits design and chip implementations
are taken into account. In the wireless
systems, it includes RF designs, between
2 and 11 GHz, RF signal processing and
circuit designs for 802.11a’b and g,
Soft-radic DSP for WLAN, and

protocols for WLAN,
This report is for the second year of

layer, discrete

modulation  technique,
OFDM

transceiver

technique,
architecture,

the three-year project. In the sub-project
1, the goal is to design baseband system
architecture of IEEE802.11a and RF
circuits of dual band RF system for
IEEE802.11a/b/g. Besides, the studies
and emulation of mixed mode signal
integration simulation are included.
Meanwhile, the resulis of other groups
will be
integrated emulation. In the sub-project
2, the goal is to design baseband OFDM

transceiver algorithm and architecture

taken into account for the

including the high throughput wireless
LAN and wireless MAN baseband
transceiver. The high throughput
wireless LAN and the wircless MAN
systems adopt respectively
MIMO-OFDM  technology and IEEE

VIl

802.16-2004 standard to implement and
evaluate the performance. Finally, the C
code will be translated to synthesizable
Verilog code and then pass the FPGA
verification. This year, the research
target is software simulation. Next year,
we will start hardware design and FPGA
verification. In the sub-project 3, the
goal is to design Advanced Encryption
Standard (AES) system architecture of
IEEE802.11i and IP design of AES for
IEEE802.11i. Besides, the studies and

simulation of System on Chip
integration simulation with AMBA
compliant Interface are included.

Meanwhile, the results of other groups
will be taken into account for the
integrated simulation. In the sub-project
4, the goal is the design a stream-based
DSP core, performance analysis of the
multi-DSPs
network and implementation the IP of
the DSP core.
generator, which can automate the
high-speed
multistage

architecture for wireless

Besides, a module

process of designing
low-complexity multirate
digital decimator, is carried out. In the
sub-project 5, To derive and implement
a methodology te test and debug IF and
RF modules signal
generated and received at the mixed

using the IF

signal modules. Low IF test signal is
generated by DAC from DSP module
and fed to the IF/RF module at
transmitting end. At the receiving end,
the response waveform is captured by
the ADC and transported to DSP for
analysis. By this method, the test cost is




minimal because the AD/DA converters
and DSP modules are built in already.
There is no external RF ATE needed.

For the sub-project 6, we propose
two mechanisms, called BIWF-SP and
IDFQ-SP, based on backoff interval (BI)
and inter-frame space (IFS), respectively,
to provide per-class QoS at the MAC
layer for IEEE 802.1le Enhanced
Distributed Channel Access (EDCA)
WLANs. In our mechanisms, both strict
priority and proportional fair service
among different service classes are
supported. We describe the operations of
the proposed mechanisms in details, and
compare their performance with the
EDCA
simulation. The simulation results show
that both BIWF-SP and IDFQ-SP
outperform the original EDCA in terms
of the support for both strict priority and

original mechanism  via

weighted fair service. Compared to
IDFQ-SP, BIWF-SP is
implement in real systems; compared to
BIWF-SP, [IDFQ-SP has  betier
aggregate throughput and is more stable.
More importantly, both mechanisms
conform with the IEEE 802.11e EDCA
both
candidates to provide per-class QoS
service for IEEE 802.11 WLANS. In the
sub-project 7, We have two research

easier to

standard,  rendering good

results. One of them is “A Linear Source
Model Based Adaptive Rate Control
Scheme for TCP-friendly Real-time
MPEG-4 Video
increasing demand for streaming video

Streaming” The

applications on the Internet or wireless

VIII

motivates the problem of building an
adaptive rate control scheme which is
adapted to the time-varying network
Another  research  is
control that makes the
transmissions adapt the sending rate to

condition.

congestion

the available bandwidth and fairly share
bandwidth with the popular traffic in the
networks, TCP.

Keywords:

Discrete multi-tone  modulation
(DMT), transceiver, wideband, OFDM,
wireless LAN, MIMO, transceiver,

Advanced Encryption Standard (AES),
System on Chip, AMBA compliant, IP,
DSP core,

stream-based,

embedded, parameterized,

multirate, multistage,
decimator, mixed-signal, RF module,
QoS, Video

MPEG-4, adaptive rate control, linear

streaming, protocol,

source model, congestion control,

wireless network
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LMA+Buffer Gain 14 dB 114B
LMNA+Mixer Gain 20dB 12 4B

LNA+Buffer NF 44B 4 dB

24 LNA+Mixer NF 3.1dB 8dB
' LNA+Mixer IIP3 -13 dBm -5 dBm
GHz 51 -20dB -B.3dB
IRR 304 15dB

Up-Converted 1/f noise Mo Mo

Power {core only} 24 mW 24 mW
LMNA+Mixer Gain 18.8dB 35dB
LNA+Mixer NF 1.6dB 25dB
5.7 LNA-+Mixer IIP3 -11.4dBm 4 dBm
§11 -15dB -71.5dB

GHz IRR 60 dB 55dB
Power (core only) 24 mwW 24 mwW
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(1] Wer-Hsiang Tseng, Ching-Chi Chang, and
Chomg-Kuang Wang," IEEE 802.17a WLAN
Transceiver Using Self-Correcting Digital
Timing Recovery Design And
Implementation, " VLSl  Design/CAD
Symposium 2004, Pingtong, Taiwan, R. O. C.

(2} Chun-Chih Hou, Ching-Chi Chang, and

Chomg-Kuang  Wang, “4  Dunl-Band
IEEESD2.11a/b/g  Receiver Froni-End Using
Half-IF and Dual Conversion,” AP-ASIC 2004,
Fukucka, Japan, Aug., 2004,
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Zinfe M &) OFDM 2 8do £ — o7 - 2
AP LA R K S Her 480394 IEEE
802.1MaF4 ' LEFEH THEMMRT -
Codingrate . £ 45 £ 7/8 » LRI E HesiE
B E

Modulation Lype BPSK,QPSK,
16QAM, 640AM
FFT size 64
SUDESTTION L0 52
Bandwirtih 20MHz
Subcarrier spacing 312.5kHz
FFT period 3.2us
Gl duration 0.8us/0.4us

4.0us(=3.2us+0,8us}

CUrry furati
OFDM symbeol duration 3.6us(=3.2us+0.4us)

Errar correcting code | Convoultional code(K=7)

Coding rate 1/2, 2/3, 3/4, 7/8

Operating frequency UNI band

&— ~802.11n OFDM A % £ %

£ATGn SynceiiR £ » B a4 A4 R
wEEZMT 0 ATHRHEIN O THEES S
R — KA —RPIEEE 802.11ax 248 B &
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L-STF} » & #7 & %% {Legacy Long Training
Field, L-LTF)& $L4% 4 #4842 (Legacy Signal
Field, L-SIG) - £ TR E H Mk S 2
(High Throughput Signal Field, HT-SIG) - A
RE-—LZLoBUBMN e TR ENH
R (HT-DATA) S B> o T MR K - B
7 &, ~ coding rate » # A CRCi% - £ 5%
R FHM 8RS &0 R
(HT-STF /HT-LTF) 2t B % ik B 484 -

HT HT HT
STF LTF-1 LTF2

ESTF | LavF |Lsic | Hrsic | — ﬁ-——;,fl_‘r-hﬁw_\]"
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BB B R L MR (FFT) > 38
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X HiESspagHeR

3 & P ey HT-LTF & B # MIMO i3 3B &
A - A b L 69 35 {E A tone interleaving
gk a[1] SR HiE WK AL £ Hone
tap equalizerBp =T 43 B MIMOH 18 /&34 - &
#4818 A VBLAST[5] ;% ¥ ;& - vlordered
successive cancellation®y F K R o8 H &
BeyMEEHER  c FHHREEHERE
4 %) i 47soft demapping R R %48 » BiEA
soft decision Viterbi decoderyi ggi@ 3% 7% »
MEHAMERBAINAELBREREY
AEHmABHM-

AEZmrASBERAMEDT AL
{# F hard/soft decision Viterbi decoding
5% » & #.55 4 10%PERFT E 69SNRAE A ) »

SHR Requirement for PER < 10%
Data Rate Soft Hard
Yiterbi Viterbi
108 Mbps 23.3 dB 32 dB
96 Mbps 21.4dB 26dB
72 Mbps 18.5¢B | 22.3dB
48 Mbps 15.7dB | 1%9.3dB

= - @AM D 56 10%PER 85 SNR &
E. BATEEREEZEAA KT

IEEE 802.16-2004 2200410 A # £
ERBHGFE - BRI R AT AR
#IEEE 802.16a OFDM#E s ey #2 X 52U ALi8
A #EEE 802.16-2004 OFDMii &1 » & m & ik
BRENETEFHIIAR[] -

RF Frequency (GHz) 2-11
FFT Size 256
Effective subcarriers 192

Bandwidth{MHz) 1.75, 3.5, 7, 14, 28

Sampling rate {MHz) 8/7 x Bandwidth

Guard Interval Ratio 1432, 1/16, 1/8, 1/4

Index of Pilots +88, £63, +38, 13

Maximum 5CO +8 ppm
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# B

BB TR AT EHY KM - AT
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BEHE - EaRETEERABHELS
WGE > AT HIRA B HIE R T M iE
4% - P95 A 6P ¢9Raised-Cosine g i & »
ERAGHREU-FBE  BENLAEER
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S g T 'Code Re u1red Resultant
Type h}odulgtion at & SNR (dB)

7.4

11.0

13.7

17.1 -

21.4 °

.%23,0 7

S 802162004 oromwggqma
AWGN i F 7 i 10° BER# & 2 SNR5] &
s~ kRHE

A AL £ # TGn Sync #) IEEE
802.11n 3% &3t MIMO-OFDM % # Z 4R0L
B 2R ERT R AR Ao h R 0 ]
4o transmit beamforming * % 3-4 /A&
BB NEN B B RANER
B 4% R SiE - 42 |EEE 802.16-2004 F &
AER KRS 4 OFDM H 48 AR Moy F
AR EREHAZABBER - AR €0

R ARAUBTAITSARNFERBLE T
(Verilog) + # 1% s FPGA BR#E H & fE -

e $FTR:

[1] http:/ /www.tgnsync.org/techdocs

[2] IEEE Std 802.16-2004

[3] 4% 8%, IEEE 802.16a A F &b 547 M 45 18 2 @ 3F,
93 £t H

[4] Pei-Yun Tsai, H. Y. Kang, and Tz Dar
Chiung, "Joint weighted least squares
estimation of frequency and timing offset for
OFDM systems over fading channels,” in Proc. of

2003 IEEE 57 Vehicular Technology Conference,

2003, pp. 2543-2547

[5] P.W. Wolniansky, G.J. Foschini, G.D. Golden
and R.A. Valenzuela, "V-BLAST: an architecture
for realizing very high data rates over the
rich-scattering wireless channel,” in 7998 URS/
international Symposium on Signals, Systems,
and Electronics, Sept.-2 Oct. 1993, pp. 295-300
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£ WLAN (Wireless Local Area Network)
AKESREB P REUMOPNMETESR A
IEEEB02. 111 A2 E FBF M F RELER
BHEELESMN AERGTREMRT » HoAR
ERENH GBI BT AR ¢ BB
%M % % 5% B (System on Chip) ¥ #8215
Bl 2%+t (HW/SW Co-design) ey # KX 47K R -
A4 BARKIURETERERALSH
dAEE R A BARRBRHEHEHR - Bk
K ARM 2 8] P32t 2 % F & (Example
AMBA System)#= ARM922T #fjicis S B R
% (RISC Processor)# 7 M5 - MM wE
BEUEBFATAAMAL IP> nFsE
B & 2% At E ¥k AL 4R E (Advanced High-
Performance Bus) # : B 4 # # ¥
IEEE802. 111 AAA R X HE B A & 7 hBiY
% (Counter mode with Cipher block
chain-MAC Protocol) -

Crreen

Application Layer

Treosiport Leyer
(TCP.UDP)

Metwork Lever (IP)

I IPSee I

BE02.11 Link. Layer

[ WEF or AES ]
402,11 Phys. Layer

— © Fyll description of security in 802.11

AN 1E=-E Rl

BELSGEREBHBHELE BET
MERFHOMLEFSERESIABEAL
FIA - EREREAMBEIUNERTELE
P BTG  RAFTHESMER AL
BRESMABIZLAKEBESHES
Vi A

EEREBABT  ATEHRAEKTK
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AT TEEFERNT LMY - Bt IEEE
# & 7 I1EEE 802.111 &= & 7 B % &
WEP(Wired Equivalence Privacy) % ¥ %
[1,2] - 4= IEEE 802.111 ¥ 273 T Temporal
Key Integrity Protocol (TKIP) 1 R
Counter mode with Cipher block chain-MAC
Protocol (CCMP) & #& & ¥4 - £+ TKIP %
ErdARAMBERASEES Akt
TKIP 4712 WEP s E :4E B4 - B —F
@ COP EEZRARARBAAWELESD
Mo COMP A MB R HOFRIEE
{Advanced Encryption Standard)4f &i% .o
(3] -

= - WA RAR R

A @FHE T 0 &5 CONP e BRE IR
#2°7 LA A AES &) 84 S (counter mode -
Cipher-block-chain mode)# & & £ &) jo
Fik - BEAMOERETATA—BAHS
AMBA(Advanced Micro- processor Bus
Architecture) M B B LM X EPE o E
ZEIP- Wl AT BB wERE
IPEATEANDERWERE [P~ 78S -
RAFXETRES - ol AT BTHSE
AMBA 7+ &4%#E » &4 7 address decoder
FIFO ~ freq. divider -

Fe#% 1 wireless LAN requirement

Spec  [802. 11 [802. 11a [802. 11b [802. 11g
Time [|Aug-99 [Jul-99 [Jul-98 |Jul-01
Freq [2.4-2. 15.25, [.4-2.5[]2.4-2.5
[Band |5 Gz [5.7 GHz [GHz GHz
ulti JFHSS/D [OFDM SSS SSS
tlex ESS
Modul [B/QPSK B/QPSK~ KCK  [PBCC
ation izm,w
Bit |l.2 [6~54 [5.5~11 |54 Mb/s
rate Lbes b/s (22)

&b/s




AFE 1P TAEs BT RARE
BB IBE L4 £REE HdMb/s 8y
through-put rate - &K 2¢ » KIOK &
& R &y AES 1P =F i 2] a9 CCMP
through-put=83MHz*1024bit/18cycle/2tim
es=2. 36Gh/s

£+ 1024bits £%1 block M EM &
B+ % 18cycles s FHMBfIr B BT F
g A B RiE 0 2times BIRREARE
%35 %28 counter mode A& CBC mode
g R E o Bt BATAR #EY AES TP T A
SEREHEBNTEK -

F4E 2 AES IP performance

Area Power Speed
AES | 593,367um?2 | 351.24mW | 83MHz
® HHBhZLEH

B P AET 4 HAAKRE
PeheFREHWEZRAEBNERER A
ER - L FREMHREUBRRBESRY
Flo% » PEiwERE LRGSR ARERA 5
SRR ANERREIPATEREANK
%P FHR - BB A% AES IP 4 1b » {& AES
[PER-—REEHBESAAAKAERRA - #
URB&ER Ezii{iﬁf? °

3 I I P i I I SN

|

{

l

[ =1y
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Table 1 : layout specification

Cell Library |Artisan 0. 18um 1p6m

Voltage 1, Bv

Core size  l4438x3105um®

Die size £Y3. 5mm2

i/o pad 128pin package
speed 125MHz

Ram size 4{206Bytes

W R

AERTF 8 P > B4 WLAN Security
Engine RitEus/ HER A EHHM
[PH#m-EREsms IPHEaZRzZeITA
Mo RE VLS TR BTTR -

E A E PN

[1] “LAN MAN Standards of the 1EEE Computer
Society. Wireless LAN medium access control
{MAC) and physical layer (PHY) specification.
IEEE Standard &02.11, 1997 Editiom, " 1997.

[2] “LAN MAN Standards of the IEEE Computer
Society. Wireless LAN medium access control
(MAC} and physical laver {PHY) specification.
1EEE Standard 802.11, 1999 Edition, " 1998,

(3] “Advanced Encryption Standard (AES),”
Federal Information Processing Standards
Publication 197, November 26, 2001.

[4] "AESCryptographic Engine Design for 802. 113
Applications,” Hsin-Chung Wang, and An-Yeu Wu,
Master Thesis, July 2001,

[5] “New algorithms for min-cut replication in
partitioned circuits,” Hannah Honghua Yang,
D.F. Wong, IEEE/ACM International Conference

on Computer Aided Design, 1995.
[6] “AHB EASY technclogy reference manual” in
ARM University Kit.
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Table 1. EDCA parameter sets used in the simulations
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CWimin 3 7 15 i3
CWmax 7 15 1023 1023

1200 ¢

Al
]

—
o
=1
<

800
600
400
200

Average delay (ms

0 10 20 30
Number of AC1 flows

(a) Average delay of ACO




70000 SPErve—
—~—EDCA

60000 " | . prwr-sp
50000 [ | ——IDFQ-SP

o
8
E 40000
3 30000 |
& 20000
10000 |
0 'y r'e & J
0 10 20 30

Number of AC1 flows
{t) Delay variance of ACO

Figure 1. The delay and inter-arrival time of flows
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A Dual-band IEEE 802.11a/b/g Receiver Front-end Using Half-IF
and Dual-Conversion

Chun-Chih Hou, Ching-Chi Chang, and Chorng-Kuang Wang

Department of Electrical Engineering and Gradnate Institute of Electronic Engineering,
National Taiwan University, Taipei, Taiwan 10617, R.O.C.

Abstrace—This paper presents a dual-band receiver
front-end architecture which combines the dual-conversion
{4] and half-IF techniques for IEEE £02.11a/b/g. The
proposed architecture receives dual-band signal with single
receiver chain to reduce components count such as the 2™
down-conversion mixer and VCO. The required LO
frequencies of the dual-band application can be synthesized
by only one VCO in combination with a divide-by-four
circuit. An LC tank aided mechanism of mixer is also
propesed to deal with the flicker noise. The core portion of
the front-end recetver has been fabricated in IP6M 0.18um
CMOS technology. The delivered gain, noise figure, and
IIPY are 20 dB, 3.5 dB, and —-12 dBm, respectively
simulated. The chip occupies an area of 1.21x1.46mm? and
the power consumption is 24mW under the supply voltage
of 1.8V,

Index Terms—WLAN, LNA, mixer, half-IF, flicker
noise, dual-conversion, dual-band.

L. INTRODUCTION

In the market of wireless local area network (WLAN),
multi-standard transceivers have been the trend. The IEEE
£02.11b standard at the 2.4 GHz ISM band provides data
rates up to 11 Mbits/s [2]. The §02.1la standard at the
5GHz U-NII bands provides data rates up to 54 Mbits/s
using OFDM modulation [1]. Released in 2003, the
802.11g standard, operated at the same band of 802.11b,
uses the modulation method of 802.11a and provides data
rates up to 54 Mbits/s [3]. Many products in the market can
support each of the standards simultaneously, and the
emploved transceiver architectures are usually the
direct-conversion ones.

As for the published dual-band architectures, most of
them receive the two-band signal by two signal paths and
the direct-conversion architecture is mostly adopted, too
[5-7]). In this paper, a new architecture is proposed that can
receive signal at two-band, 5.8GHz and 2.4GHz, with the
same receiver chain. Due to the elaborate frequency
conversion planning, the troublesome image problem is
relaxed in this design. The organization of this paper is as
follows. The receiver architecture is described in Section II.
In Section IIl, the circuit topologies meeting the
requirements of this architecture are presented, Finally, the
simulation results and conclusions are piven in Section IV
and V, respectively.

II. RECEIVER ARCHITECTURE

The proposed receiver front-end architecture is shown
in Fig. 1. The components inside the dashed frame can be
tmplemented int a single chip, and those outside the frame
are the lumped components, which are switch, diplexer,
and band-select band-pass filters. Two band-pass filters
instead of one are used in order to provide sufficient
rejection of the owt-of-band interferences for each band.
When the desired signal is at 5.8 GHz, the frequency
conversion method, shown in Fig. 2., is used [4]. The
3.465GHz image is 2 GHz far away from the desired signal,
and it can be filtered out by the band-pass nature of the
on-chip amplifiers. The first local oscillator (LO) frequency,
which is 4.62 GHz, is four times of the second LO, and
thus they can be synthesized by a single voltage controlled
oscillator (VCO} and a divide-by-four circuit. Because the
VCO frequency is different from the signal frequency, the
LO pulling problem will not oceur.

This dual-band receiver architecture can alse be
switched to half-IF conversion to receive 2.4GHz RF
signal, as shown in Fig. 3. The utilized 1.2 GHz LO
frequency can be obtained by the same circnits composed
of one VCO with 4.8-5 GHz tuning frequency and a
divide-by-four circuit. As shown in Table I, the VCO
frequency range of the two bands is close, so 2 VCO with
wide tuning range can deliver the required LO frequencies
for dual-band application. At the same time, the 90° phase
shifter can be eliminated due to the utilization of dividers.
Another benefit of this dual-band receiver is that the IF
frequencies are close for this dual-band signal, so there is
an ease to implement the circuits after the first
down-conversion. As for the image signal around the zero
frequency, the attenuvation comtributed by amplifiers and
lumped components such as antenna and band-select filter
is very large, and thus the image re¢jection ratio can be as
high as 60dB [8]. Two problems that should be taken into
aceount are the upconversion of flicker noise to IF
frequency and the DC-offset that comes from LO-to-IF
feedthrough. The circuits proposed in the next section will
deal with the first problem. For the DC-offset problem, a
high-pass filtering offset-cancellation circuit can solve it
[§]. The SNR dcgradation due to the filtering is not
significant because for IEEE 802.11a/g, the OFDM
modulation leaves the center sub-carrier empty, and for
IEEE 80(2.11b, spread-spectrum modulation is used.
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111, C1rCUIT TOPOLOGIES

The only RF circuits that need to be carefully designed
for our receiver architecture are the LNA and the first
mixer. The design of othet components is the same as the
single band ones. For example, the VCO required is just a
wide-tuning-range one. Besides, the second mixer and the
amplifiers at baseband have single-band nature because the
IF bandwidth is not very wide, which has been shown in
the last section,

The LNA schematic is shown in Fig. 4. Because the
LNA is designed to have the ability to receive and amplify
the two-band signal, it has a load that contains two
inductors and two capacitors [9]. The function of this LC
tank can be comprehended as follows. When the frequency
is low, the L and C in series are capacitive in effect. When
the frequency is high, they are inductive in effect. Thus, the
LC tank has two peaks in the frequency domain, The input
matching of the LNA is achieved by off-chip microstrip
lines, which are combinations of some open-stubs on the
PCB board.

The mixer schematic is shown in Fig. 5. Tt is a
gilbert-cell type mixer with source degeneration resistors to
enhance the linearity, The mixer is a wide-band device in
nature, so signal can drive the input ports and LO ports
directly, Also, because signal frequency at the output of the
mixer is about 1 GHz for both the two-band operation, the
output port is single-band in nature and thus only one
inductor is used, instead of the two-inductor case in LNA.

The mixer in [8] prevents the up-conversion of flicker
noise of the ransconductance stage to IF, but ignores the
flicker noise of the switching pairs. The mixer proposed
here uses an LC tank to achieve the filtering fimction. The
resonant frequency of the LC tank is at the signal
frequency such that it blocks the signal from passing
through it. As for the flicker noise around zero frequency, it

sees a short because the LC tank has an inductor in parallel.

The circuit can thus be reduced to the half circuit as shown
in Fig. 6. The topelogy of mixer is destroyed, and the
flicker noise in neither the transconductance stage nor the
switching stage will be up-converted to IF.

The linearity of amplifiers is an important eonsideration
for wireless communication. When the signal received by
the antehna is not very large, the third-order inter-
modulation signal located at the signal frequency band
because of the adjacent-channel interferences and the
non-linearity of amplifiers must be low enough iny order not
to degrade the SNR. For WLAN, the IIP3 of the receiver
chain should be at least -26dBm to meet this requirement.
Meanwhile, when the input signal is large, which is at
most —30dBm, -10dBm, and -20dBm for 1IEEE 802.11-
a/b/g respectively, the amplifiers may be saturated.
Morsover, for IEEE 802.11a/g that have 52 subcarriers,
another add-on power back off of 10dB is needed to
accommodate the large peak-to-average ratio (PAR). Thus,
a gain-adjusting mechanism is necessary for the front-end
amplifiers. A variable resistor can be placed in parallel with
the load inductor, and in this case it is replaced by a

digitally switched PMOS, as shown in Fig. 7. Discrete gain
steps can also be achieved by many of such PMOS placed
together.

IV. SIMULATION RESULTS

The input return loss of the LNA is shown in Fig. 8., in
which two bands matching is achieved, with bandwidth
larger than 200 MHz in ISM band and larger than 30Q
MHz in the upper U-NII band. The $21 of LNA is shown
in Fig. 9. The gain at each band is about 10 dB. The image
rejection ratio {(JRR) provided by this amplifier is larger
than 60 dB for upper U-NII band, and 30 dB for ISM band.
The noise figure of the LNA and mixer operated at 2.4
GHz when no LC tank is inserted in the LO switching pair
is shown in Fig. 10. The up-converted flicker noise has a
significant influence on the noise figure. After the LC tank
is inserted, the influence from the flicker noise vanishes, as
shown in Fig. 11,

Table II is the summary of the simulation results of the
LNA and mixer. From the comparison between the two
circuits with and without LC tanks to block the up
converting of flicker noise, it can be observed that the
noise figures for both bands improve. However, the
conversion gain and TIP3 is not the case. This is because
that the gain depends on the quality factor of the LC tanks
and the linearity depends on the harmonic termination [10],
which is not the same for the two bands.

The power consumption of the core circuit is 24mW. It
has been fabricated by TSMC 1P6M 0.18um CMOS, The
chip area is 1.21x1.46 mm’® and its microphotograph is
shown in Fig. 12.

IV. CONCLUSION

A dual-band recetver front-end architecture is proposed
in this paper. It combines the advantage of dual-conversion
and half-IF receivers to provide JRR of 604B and 30dB for
U-NH and I5M band signal respectively. The IF frequency
range of 1.14 to 1.24GHz relax the component requirement
after the first downconversion. The dual-band LNA and
mixer have been designed to deliver a conversion gain of
20dB and ITP3 of -14dBm with a power consumption of
24mW. The troublesome flicker noise problem in half-]F
conversion has been solved by a circuit topology proposed
in this paper.
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TABLEI
FREQUENCY RANGE OF EACH STAGE
le;q:ncgq Frequency Range| VCO Range | IF Range
Upper U-NII
Band (GHz) 5.725-5.825 4 58-4.66 1.145-1.165
ISM {GHz) 2.40-2,4835 4.8-4.967 1.2-1.242
TABLE IT
SIMULATED LNA AND MIXER PERFORMANCE.
LNATMIxer |} s 4 Mixer with
without flicker . .
Parameters . . flicker noise
noise filtering filtering circuitry
circuitry
Supply Voltage 18V 1.8V
Power Consumption
{without biasing and 24 mW 24 mW
output driver circuits)
Gain 21.3dB 204B
24 NF >4.5 dB 3.14B
GHz 1P3 -16.5 dBm -13.4 dBm
1O Power -2 dBm -2 dBm
Gain 16,4 dB 18.8dB
58 NF 425 dB 3.55dB
GHz 1P3 -3.8 dBm -11.4 dBm
LO Power -2 dBm -2 dBm
Technology TSMUC 1P6M 0.18um CMOS
Chip Area 1.21x1.46 mm®




A VARIABLE-LENGTH DHT-BASED FFT/IFFT PROCESSOR FOR
VDSL/ADSL SYSTEMS
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ABSTRACT

In this paper, a matrix form of the radix-4 Discrete
Hartly Transform (DHT) algorithm is derived. And two
Process Element (PE} circuits are proposed for the
variable-length application. One is for radix-2 with one
real multiplier and three adders, and the other is for
radix-4 with one real multiplier and seven adders. The
radix-4 DHT processor of variable-length, namely,
8192/4096/2048/1024/512, meets the DMT-VDSL and
ADSL requirements. Only six real multipliers, 2.01%
{16467) registers and simple logic circuits are used to
perform 8192-points FFT/IFFT in 231uxs. Implemented
in 0.25um 1P5M typical CMOS technology, the core
occupies an active area of Smmx5mm. Power
dissipation is 300mW using 2.5V supply voltage.

1. INTRODUCTION

Among standards with Multiple Carrier Modulation
(MCM) technology using FFT/IFFT as the modulation
technique, Very-high-bit-rate Digital Subscriber Line
(VDSL) has potential for broadband communication of
the next generation, owing to the popularity of twisted
pairs [1]. The Discrete Fourier Transform (DFT) plays
an important role in DMT/OFDM systems. Because of
the computational complexity of N-points DFT is ONh,
it takes large operation time and power consumption to
perform DFT directly, especially in large transform size
(e.g. 8192 points in VDSL). Hence, various FFT
algorithms have been proposed to reduce the
computational complexity [2], such as Cooley-Turkey
algorithm, Winograd Algorithm (WFTA), radar
algorithm and Prime Factor Algonithm (PFA).
Cooley-Turkey algorithmn is the most popular one in
VLSI implementation due to reducing the computational
complexity from O(M) to O(NMogN) and its regularity.
Table 1 summaries several FFT architectures including
Single-Path Delay Feedback (SDF) architecture [3],
Multiple-Path Delay Commutator (MDC) [4], and
DHT-based FFTAFFT processor [5]. There are two key
points shown in this table. One is that MDC architectures
need more hardware than SDF architectures obviously.
The other is that no matter what radix-~ SDF architecture
is used, 2(¥-1) registers are essential. In order to reduce

hardware in FFTAFFT processor, the design goal should
be to reduce the number of real multipliers without
increasing the number of registers. Based on the
advantage of Hermitian symmetric property in
DMT-VDSL and ADSL systems, some DHT-based FFT
algorithms and architectures have been presented to
reduce the numbers of real multipliers [5-7]. But there
are some drawbacks about these architectures such as
more buffers for RAM-based designs and only radix-2
DHT-based FFT algorithm is delivered. If the higher
radix FFT algorithm is adopted, the fewer multipliers
can be employed with Cooley-Turkey algorithm. Our
goal is to derive matrix form of higher radix DHT
algorithm from previous work and then implement it
using less hardware.

The organization of this paper is as follows. The
maitrix form of radix-4 DIF DHT algorithm is derived in
Section 2. Section 3 presents the proposed circuit
designs of the two PEs. Section 4 shows VLSI
implementation and performance summary of the FFT
processor for VDSL system, and the conclusion is given
in section 5.

Table 1. Hardware comparisons of various FFT
architectures.

Real Memory

Multipliers

Through-put
{sample/cycle)

Radix-2 SDF
Radix-4 SDF | 3(logsN-1) | 2(N-1)
Radix-8 SDF | 3(Jogsh-1) | 2{N-1)

3(lomN-2) | 2(N-1) 1

Radix-2 MDC | 3(log:¥-2) | 2(1.5N-2)

Radix-4 MDC | 3(3log,N-3) | 2(2.5N-4)

Radix-8 MDC | 3(7logeN-7) } 2(4.5N-8)

N PN POy

Radix-2 DHI-| log:N-1 | 2(N-1)

based [3]

2. RADIX-4 DHT ALGORITHM
Given N-points DHT definition as

= 2okn . 2mkn
¥ =§x"(cosT+smT) (1)
o 27kn
=3 x,cas—,
Af

n=D
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where /=0, 1, ..., N-1. The frequency samples, Y, Yare1,
Yages and yigpey are derived as [B]:

= 2 (4k)n
W= zx"casm_g (2)
a=q N
Nid-i .
=3la,+x ,+x y+x gyleas 2a(@h .
] a2 N
A
Ve = 3 u,cas 22K+
o N (3)

M| 2.’9’
= 3 llx, —x y+xy —xy, )oos—+
e S T N
. 2mm Zx(4km
X =k X, =X, bsin——Jcas———,
{ w n+ﬁ f__' M—a } N ] N

At

Q 1

Nl
Vs = ZI.C‘{]S 2.’!’(4‘.’ + 2}!1
= N Q)

Koy 272n
=Z[(I.+I =% g—X 30008 +
P "‘T "T -47 N

2xln Za{dkin

Xy *+x -X, =X, )sin——=]cas
{ ;_" 148_, _:'_’~ .Nﬁ} N ] N

o x4k +3m
o = 3o cas 2 (5)

TR 273n
= Dlx, =5 4 =%y +xy Jcos I
o e i "

+

2m3n Jeas 2a{dk)n .

—X +X ,+X, —X,)sin
N N

a 1

where =0, 1, ..., A4-1, From Eq. 2, 3, 4 and 5, the
frequency samples, Ya Va1 Yaz and Y, are
respectively equal to the DHT of the four M4-points
sequences bracketed in these four equations. Then, four
Ni4ax1 matrices, ¥, F¥aws, Farp 80d Yius, and four
NidxN matrices, X,, X5, X and Xp, are defined as
follows,

Yar[Vo Ya Vo -« Yagmany] s
Yarrr=[01 ¥s Y8 .- Yapwatyri]
¥arsz=[¥2 ¥6 Y10 --. J’4(NJ4-I}+2]T:
Yor=[ay2yn - J’q(Nm-lm]T,

X, =
1 1 [ 1
G G -G -G ]
¢ G & 8 4 G & -5
X,= . pe
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where X=[xy x; x3 ... a1}, and Cy'=cos(2mmiN) and
Sx'=sin(2 mim/N). The matrix form of DHT is

Y. ] [HN/4) O o o Tx, (6)
Yao || ©  HN4 0 o |x,
Yol | © 0 HINID o |x.
Yuu 0 0 o HNI ] X,

Let Q(N)={€0 €4 €3 ... EN4 € €58 ... €x3 €7 C5 €10 . B2 6y
€7 €y ... eN_,]T be the permutation matrix, and €; denotes
an N%1 column matrix whose (i+1)th element is 1. Then
Eq. 6 can be derived as a similar form of Radix-2 DHT
[6], as shown in the following.

Ya HIN/4) 0 0 (] (7)
Yua 0 H{N 4} 0 4
= = P(N)X
oy ¥ieus o Q H{NI4) 0 S
Y 0 0 0 H(NI4)

Hyund M) is the direct sum of N/M M™> M matrices, H{M).

H,,, (M)=HM)®HM)® & H(M)

HMYy ¢ - @ {8)
| e HM) - 8
§ 0 H{M)

Eq. 7 can be simplified as

O\(NYY=H,(N/4)P,(N)X , (9)

which represents that the N-points DHT of X becomes
four parts of N/d-points DHT of P,(MX. And the order
of the DHT result, ¥, is permuted to Q,(M)Y. Repeating
the similar decomposition, radix~-4 DHT can be gotten as

Qe (DCuas (16)--Q, (NI = Py, ()P, (16)---P,N)Xx (10}

It shows that the N-points DHT of X can be performed
by several multiplications of matrix, PyadM), which is
corresponding to the {log NVAM+1)th stage of the DHT
algorithm. And the order of DHT result is bit-reversed of
F.

3. CIRCUIT DESIGNS

To realize the 8192-points FFT for VDSL, one radix-2
DHT stage and six radix-4 DHT stages are needed as
shown in Fig. 1. Besides, an external dual-port RAM and
two adders are required to perform the rearrangement of
bit-reversed DHT results and acquire the normat-order
FFT results [7].
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Fig. 1. Variable-length DHT-based FFT processor for
8192/4096/2048/1024/512-points VDSL and 512-points
ADSL.

3.1. Radix-2 PE

Based on the matrix form of radix-2 DIF DHT
algorithm [6],

Z = 0y (D0 (8} QW)Y = P ()P (4) - PR, (11)

the X column matrix denotes the sequential input data in
time domain, and the Z column matrix indicates the
sequential output data in bit-reversed order. The matrix,
Pupd M), is corresponding to the (logN/A+1}th stage PE.
And it has the general form as Eq. 12 [6]. Fig. 2 shows
the proposed circuit architecture of radix-2 DIF DHT PE,
PundM). Due to the utilization of the two-phase
operating technique, only one real multiplier is employed
to perform two multiplications.

< ten 8 Then o (12)
0 K{M"?-) fmz _Inu
KiM {2)=CtM {2+ 5(M /D
ct 58
] o . S
' C::,-;-l SE:;-I

3.2. Radix-4 PE

The matrix form of radix-4 DIF DHT algorithm is
followed as Eq. 10 and the matrix, Pyp(M), is
corresponding to the (JogN/Ad+1)th stage PE. As the
sequential input data, X, enter each PE stage, the input
data are rearranged by the circuit as shown in Fig. 3. The
1 6-points radix-4 DHT is demeonstrated in the following.

Z =0,(4)Q,(06)¥ = P(4}P(16)X, where
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Fig. 2. Radix-2 DIF DHT PE.
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Fig. 3. Rearrangement of each stage input (e.g. M=16,
for P,(16)).

After the rearrangement circuit, the PE, P{16)X,
becomes two simplified matrices shown as Eg. 14 and
15.

‘Dluﬁ}Xz a‘thf \

L

where

¥ axs3

] rr 1
[“:;:I= LA -A}[xu Xy X+ %, +x,) (14}
a,.;] [B C
L::*;]= LD E:‘[xu TR x—xf (13)

In Eq. 14, this part of P{16)X is the same as the general
form of radix-2 DIF DHT PE derived in Eq. 12, The
similar circuit architecture shown in Fig. 2 can be
utilized. In Eq. 15, this part of 2 (16)X is performed by
the circuit architecture as shown in Fig. 4. The
two-phase multiplication of single multiplier technique is
also employed.

L

+1

L

(1] 5[0

Fig. 4. Circuit architecture for computing @a+1 and aqen.

The circuits in Fig. 2 and 4 for radix-4 DHT use the
same multiplier because of performing the multiplication
at different cycles. By rearranging the computing order
85 Mg, gz, Tap) and agpea, the bit-reversed order in Z
can be obtained.




As computing different peints of radixz-4 DHT, only
the size of M in Fig. 2 and 4 is changed. The radix-4
DHT PE can be perfonmed with latency of 3M/4 cycles
by only one real multiplier, seven real adders, 3M/4
RAM as delay line, 3M74 RAM with double clock rate,
two ROMs as sine and cosine coefficients, and some
simple logic circuits.

4. YLSI IMPLEMENTATION AND
PERFORMANCE SUMMARY

For a variable-length DHT-based FFT processor,
several considerations in VLSI implementation such as
variable-length, simplified ROM of sin/cos tables, cyclic
extension removing and fixed-points evaluation for SNR
requirements of VDSL system are all taken into account
in this chip. The radix-4 DIF DHT processor is
implemented with 0.25x¢m 1PSM typical CMOS
technology. Chip design and simulation summary are
described in Table 2, and chip layout is shown in Fig. 5.
Compared in Table 1, it shows that the proposed radix-4
DHT-based FFT architecture has the fewest numbers of
real mwultipliers among SDF architectures and radix-2
DHT-based FFT processor [5]. Otherwise, they use
almost the same numbers of registers. Table 3 shows the
comparisons with other 8192-points FFT chips.

Table 2. Chip design and simulation summary.

Process CMOS 0.25um 1P3M
Total Area 34mm’, 25mm”* (core)
RAM Area 5.2mm’

Maximum Speed 50MHz

Latency §221@N=8192

Throughput 1 sample/cycle
Power Consumption 300mWE@3SMHz
Package COFPI44
Supply Voltage 2.5V

5. CONCLUSION

In this paper, the radix-4 DHT-based FFT algorithm
is first derived according to the Hermitian symmetric
property of the data in DMT-VDSL and ADSL systems,
* and the matrix form of the radix-2 DHT-based FFT
designs [51[7]. Twe FPE circuits are proposed for
variable-length application. One is composed of only one

real multiplier and three adders for radix-2. The other is
comprised with only one real multiplier and seven adders
for radix-4. Finally, a variable-length 8192/4096/2048/
1024/512 radix-4 DIF DHT processor is demonstrated. It
meets the DMT-VDSL and ADSL requirements and uses
only six real multipliers, 2.01N (16467) registers and
some simple logic circuits. The chip is designed using
0.250m 1P5M typical CMOS technology and occupies 2
core area of Smmx35mm. Power dissipation is 300mW
under 2.5V supply voltage while running at 35MHz.

Table 3. Comparison with other FFT chips.

9] [10] This Work
FFT Size gl1o2 2192 [8192/4096/2048
/10244512
Technology 0.5um 0.6um | 0.25pm CMOS
CMOS§ | CMOS
Chip Area Tem® | 140mm* 34mm’
(core) 107mm* 25mm’
Normalized Area| 25mm® | 24.3mm’ 34mm’
(core) 18.6mm? 25mm’
Clock 20MHz | 20MH=z 35MHz
Power S00mW | 650mW 300mW
Consumption
Word length:
Input/Cutput 16/12 10/12 22122
§in, COS 10 10 20
Internal results | 12 (bits) | 12 (bits) 22 (bits)
Register Delay- RAM SRAM
line
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ABSTRACT

This paper presents an OFDM baseband transceiver for wireless
LAN IEEE 202.11a implemented in 0.25um CMQOS technology.
The architecture of the interpolator with the sliding window is
propased to realize the seff-adjustment of sample skipping or
duplicating that prevents the conventional digital timing
recovery from fatal jitler problem caused by illegal indexing. In
the receiver, the design of the symbol boundary detection, carrier
recovery, timing recovery, FFT/IFFT, and equalizer are realized
to deliver 10% packet error rate requirement under all specified
SNRs. This chip occupies 3.5%3.5 mm’ chip area and consumes
109 mW with 2.5 V power supply.

1. INTRODUCTION

Due o the demand for wide-band communication, it leads to a
tremendous growth of wireless LAN. One of the main challenges
in the wireless LAN is the indoor propagation characteristics. In
1997, the IEEE 802.11 standard was first established for the
wireless LAN. It supports the data rates of 1Mbps and 2Mbps
which are not sufficient for many multimedia applications. The
IEEE 802.11a standard was proposed for high bandwidth
efficiency, which selects orthogonal frequency division
multiplexing {OFDM} as the basis for the physical layer and
supports the data rates from 6 up to 54 Mbps in the 5 GHz band.
OFDM is an excellent solution to combat burst noises and deal
with multi-path fading robustly.

A conventional digital timing recovery using interpolator
with long buffer can solve the problem of sample stuffed or
rubbed when the timing offset occurs [5). However, the buffer
size may be infinite for non-stopping transmission and it is
impractical. The proposed self-correcting digital timing recovery
performs the sample skip/duplicate in the gnard interval and can
apply to both OFDM and Discrete-multi-tone (DMT) systems.

This paper is organized as follows. The baseband transceiver
architecture is presented in Section 2. In Section 3, the circuits
of the functional blocks are given. The simulation environment
and the evaluation of the whole system are described in Section
4. Section § delivers the chip layout and the post-layout
summary. Finally, the conclusion is drawn in Section 6.

2. TRANSCEIVER ARCHITECTURE

The proposed baseband transceiver architecture is shown in
Figure |. The upper part of the transceiver architecture is the
transmitter, and the other is the receiver. The transmitier consists
of the training sequence generator, QAM mapping, pilot
insertion, IFFT, adding cyclic prefix, windowing and wave
shaping filter. The wave shaping filter adopts raised cosine filter
with rolt-off factor 0.22. The design of the transmitter follows
the IEEE 802.11a standard. It can send the regulated packet
format and comply with the transmit spectrum mask requirement.
The receiver design comprises the following functional blocks:
interpolator, derotator, delay correlator, match filter, removing
cyclic prefix, FFT, channel estimation, frequency-domain
equalizer (FEQ), decision block, symbol boundary detection,
carrier frequency offset (CFO) estimation, cartier recovery loop
and timing recovery loop. The demodulator, FFT, is hardware-
shared with the modulator, IFFT.

Fig. 1. Transceiver architecture

3. RECEIVER DESIGN
3.1. Training Structure

The training structure in the design of the receiver is shown in
Figure 2 [1]. The preceding part of the short preamble, about 4.8
ps, 15 reserved for signal detection and AGC acquisition. At the
end of the short preamble, the coarse symbol boundary detection
and the CFO are finished. Then, the fine symbol boundary
detection, the fine CFQ estimation and the channe] estimation
are proceeding in the duration of the long preamble. The residual

This program is supported by the National Science Council (NSC), Taiwan, R.0O.C.




CFQ, the timing frequency offset (TFO) and the coefficients of
the FEQ are kept tracking afier the training sequences.
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Fig. 2. Training structure of the receiver design

3.2. Symbol Boundary Detection

The symbol boundary detection consists of two steps. First, the
delay correlator is adopted to detect the course symbol boundary
since the characteristics of the short preamble are ten identical
repetitions. A mechanism based on the binary search is applied
to track the maximum of the correlation value. Second, the

match filter is exploited to find the fine symbol boundary in the

session of the long preambile.
3.3. Carrier Recovery

OFDM is very sensitive to the CFO, and there are two
detrimental effects, one is the reduction of signal amplitude with
phase shift and another is the inter-carrier inference (ICI} from
the other carriers caused by loss of the orthogonal property [2].
Because the effects are greatly serious, it needs to be recovered
before the demodulation. The carrier recovery is composed of
three stages. Based on the maximum likelihood estimation [3],
the coarse CFQ estimation is achieved in the period of the short
preamble, and the estimated CFO is compensated at the end of
the short preamble by the aid of the 16-taps delay correlator.
Similarly, in the long preamble, the fine CFO estimation and
compensation are completed by the aid of the 64-taps delay
comrelator. A summary of the CFQ estimation is listed in Table 1.
By means of the pilot signal after the preambles, the remaining
CFO is traced by a phase-locked loop. The PI filter is selected as
the loop filler as shown in Figure 3. Table 2 lists the design
parameters of the carrier recovery loop. To replace the multiplier
with the shifter, the coefficients of F1 filter are truncated to the
power of 2. In our design, the effects due to the CFO can be
suppressed within 0.1 dB SNR degradation.

Table 1. Summary of the CFO estimation

CFO Estimation Type Coarse Fine
Estimation Range + 625 KHz 156 KHz
Maximum Estimation Error | £326KHz | £6.22 KHz

%w.

Fig. 3. PI filter

Table 2. Design parameters of the carrier recovery loop

Parameter Value
Lock-in Range Aw, 7.5 KHz
Damping Factor £ 0.707
Natural Frequency u, 3.3 % 10" radfs
Phase Detector Gain K, 1 unit/rad
NCO Gain K, 20 MHz/unit
PI Filter Coefficient C, 2
PI Filter Coefficient C; am

3.4, Self-correcting Timing Recovery

The all-digital method is selected for the solution of the timing
recovery. A phase-locked loop is also used to track the TFO, and
the piecewise-parabolic interpolator in Farrow structure is
chosen for compensating the sampling mismatch [4]). Due to the
mismatch of the sampling clock, the interpolated phase drifts,
Therefore, the skip or duplicate process in the cyclic prefix is
required to reset the tnterpolating phase [5]. To combine the
interpolator and the skip-and-duplicate process in view of VLSI,
the architecture of the interpolator with a sliding window is
proposed in Figure 4, and the hardware implementation is given
in Figure 5. The Pl filter is chosen as the loop filter in the timing
recovery loop. Table 3 lists the parameters of the timing recovery
loop.

Shdingingex %, = (-1.0,1}+y,

I

e |

N
Interpolating Phage . Interpolated Semples
#—+ Intarpolalor [— {k]

Fig. 4. Interpolator with the proposed sliding window

['}  Muliplensr

Fig. 5. Implementation of the interpolator with the proposed
sliding window




Table 3. Desipn parameters of the timing recovery loop

Parameter Value
Lock-in Range Awp 1.9KHz
Damping Factor £ 0.707
Natural Frequency w, B.5X 10° radss
Fhase Detector Gain K4 0.18 unit/rad
NCO Gain K, 40 MHz/unit
P1 Filter Coefficient C, 2"
P1 Filter Coefficient C; 2"
31.5. FFT/IFFT

The 64-point pipeline FFT/ IFFT selects the single-path delay
feedback (SDF) architecture for hardware implementation. The
radix-2/4/8 algorithm is adopted due to the regularity [6]. For a
64-point FFT, it can be divided into two stages, and only one
complex multiplier is requited. Due to the property of FFT and
IFFT, the operation of the IFFT can be derived by conjugating
the input of the FFT, then computing the function of the FFT,
and conjugating the output of the FFT which is scaled by 1/N.
By such property, the FET/ IFFT processor can be shared by the
transmitter and the receiver for modulation and demodulation,
respectively. The SQNR of FFT/IFFT 1s 46.8 dB.

3.6. Frequency-domain Equalizer

The frequency-domain equalizer (FEQ) exploits the Minimum
Mean Square Error (MMBSE) criterion to perform the channel
estimation as [7]

Cy = Hy HH,| +alic?) it

where Cy is the coefficient of the equalizer over K-th carrier, the
channel frequency response over the K-th carrier is fy, 0,2 is the
variance of the additive noise, and s, is the variance of the
transmitted symbols. The least-mean-square (LM S} algorithm for
adaptive tracking that is given by [8]

CYN =CY + Ag ¥y @

where Ce'? is the j-th coefficient over K-th camrier, C, %" is the
{j+1)-th one, ¥y is the conjugate of the demodulated output ¥y
from FFT, & is the decision error, and A is g scale factor that
controls the rate of the adjustment. With LMS algorithm, it can
further provide about 3 dB SNR improvement after the
equalization.

4, SIMULATION RESULTS

Multipath fading, CFO, TFO, and AWGN are taken into
consideration in the simulation environment as Figure 6 [2]. The
indoor multipath channel mode]l adopts Saleh’s channel model
[10].

AWGN Al
Cannct 1EE cro  [fati
Surpling
Fempmacy
DBaschamd Coquivelent Chaencl Model Yot

" Fig. 6. Simulation environment {9]

The packet error rate (PER) is the indication to evaluate the
system performance. In IEEE 802.112a standard, a PER less than
10% is required over the transmission at a PSDU length of 1000
bytes [1]. The simulation contains the cases of the multi-path
delay spread equal to Ons, 50ns, and 100 ns with the maximal
tolerable CFO and TFQO. The PER performance versus SNR for
the delay spread 0 ns, 50ns, and 100 ns are shown in Figure 7,
Figure § and Figure 9, respectively, Table 4 lists the SNR
requirement for 10% PER,
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Fig. 7. PER performance for the channel delay spread 0 ns
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Fig. 9. PER performance for the channel delay spread 100 ns




Table 4. SNR requirement for delay spread ¢ ns, 50 ns, and 100
ns

SHR Reguirement for PER < 10% (without coding})

Modulation ey Spread Ons 50 ns 100 ns
BPSK 2.74dB 11.6 dB 12.0dB

QPSK 12.8dB 15.04B 15.9dB
16QAM 20.7dB 226 4B 23.0dB
640AM 26.2dB 2804B 29.3dB

5. CHIP LAYQUT AND POST-LAYOQUT SUMMARY

Figure 10 shows the chip layout, and the major functional blocks
are also marked. Total gate counts are about 302K. Using cell-
based design methodology, this chip is implemented in 0.25pm
CMOS technology and occupies 3.5x3.5 mm? chip area. With
2.5 V supply voltage, it consumes power dissipation 109 mW.
The post-layout summary is listed in Table 5.

Delay Correlator
MatchFilter

Fig. 10. Chip layout

Table 5. Chip post-layout performance

Data Rate 6,9, 12, 18,24, 36, 48, 54 Mbps
Modulation (BPSK, QPSISIZE(I;AM, 64QAM)
Tolerance of CFO +2322KHz
Tolerance of TFO + 1.6 KHz
Technology 0.25pm CMOS
Chip Area 3.5 x 3.5 mm*
Gate Counts 302189
Clock Rate 40 MHz
Power Dissipation 109 mW
Supply Voltage 25V
DA/AD Resolution 10 Bits

6. CONCLUSION

In this paper, an OFDM baseband transceiver architecture
compliant with IEEE 802.1 1a standard is developed for wircless
LAN communication. In the receiver design, the symbol
synchronization has two steps for symbol boundary detection,
and the carrier recovery has three stages for acquisition and
tracking. The timing recovery utilizes the all-digital method, and
an improved architecture of the interpolator with a sliding
window is proposed for VLS implementation in OFDM system.
By MMSE and LMS algorithms, the FEQ is well-designed. 10%
PER also can be delivered at a specified SNR. In 0.25pm CMOS
process, this transceiver is implemented by 3.5x3.5 mm? chip
area. The power consumption is 109 mW at 2.5 V power supply.
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Abstrace—This paper presents the usage of spiral
inductors in an active nuxer. The influence of
harmonic termination on the performance of mixer is
discussed. Then, a technique of preventing the
upconversion of flicker noise in a half-IF mixer is
proposed. Simulation and measurement results are
employed to verify this approach, and a dual-band
WLAN r1eceiver architecture that combines the
features of half-IF and dual-conversion is proposed.

Index Terms—Flicker noise, half-IF, IIP3, inductor,
mixer.

L. INTRODUCTION

There are three important parameters for the
design of RF circuits. They are gain, noise figure,
and IIP3. The gain of each component in a RF
receiver chain should conform to the gain budget
defined in the system design level. Higher gain is
usuwally preferred for noise figure consideration, but
too mmch high gain would distort the signal. For a
wireless system, the received signal may contain
in-band and out-of-band  interferences. The
nonlinearity of amplifiers would generate undesired
harmoenics from these interferences and may degrade
the signal-to-noise ratio (SNR). The IIP3 is a
parameter to evaluate the hneanty of an amplifier,
and should be as high as possible for good
out-of-channel rejection.

For an active mixer, it has the advantage of higher
conversion gain at the cost of lower linearity, when
compared with passive mixers. A linearity
enhancement technique based on harmonic tuning
and multiple gating [1] is reviewed in section II. The
commonly used folding structure also has good
effects upon the linearity and noise figure
performance, and is also discussed in section II.

In a half-IF receiver, the RF signal is first
down-converted to half the RF frequency and then to
zere frequency. It has the advantage of hugh image
rejection ratio, but the flicker noise would be
converted to the signal band if a normal mixer were
used [2]. In section III, a circuit technique based on
inductive termination at the load of the
transconductance stage of fully differential mixers is
used to prevent the flicker from worsening the noise
figure. Simulation and measurement results are used

to verify this circuit topology.

As for the published dual-band architectures, most
of them receive the two-band signal by two signal
paths and the direct-conversion architecture is mostly
adopted, too [5-7]. In this paper, a new architecture,
combining the features of dual-conversion and
half-IF, is proposed that can receive signal at
two-band, 5.8GHz and 2.4GHz, with the same
receiver chain. Due to the eclaborate frequency
conversion planning, the troublesome image problem
is relaxed in this design. The detail struchure is
described in section IV.

IL. FOLDING STRUCTURE AND HARMONIC TUNING

For the design of active mixers, folding is a
commonly used technique, as shown in Fig. 1. 1t has
three advantages. First, the maximum number of
cascoding MOSFETs is only two. Not only can it be
a low-voltage design, but also the lineanty
performance is better than non-folding mixers.
Second, the current flowing through M3 and M4 is
usually small, so the required local oscillator (LO)
swing is small. Finally, if the mixer is designed to
down-convert signal to DC, the noise figure around
zero frequency will be lower because of smaller
flicker noise of low-current M3 and MS5.

The LC tank composed of L/ and C/ resonates at
frequency w (RF frequency), and is short at 2™
harmonic frequency 2@ and sub-harmonic frequency
Aw. It is known in [1] that 2w and Ao at common
source noise of M3 and M4 worsen the linearity in
conventional single balanced mixer. The 1.C tank can
thus reduce the peaks at these harmonics and thus
improve mixer’s linearity.

HI. NotSE FIGURE ENHANCEMENT TECHNIQUE
FOR HALF-IF MIXERS

In [2], a mixer structure is proposed to prevent the
up-conversion of  flicker noise of the
transconductance stage to IF. However, the
consideration of the flicker noise in LO switching
pair is also important. The proposed mixer topology
shown in Fig. 2 uses an LC tank to achieve the
filtering function. The resonant frequency of the LC
tank is at the signal frequency such that it blocks the

This program is supported by the National Seience Council (NSC}, Taiwan, R.O.C.




signal from passing through it. If the quality factor of
the tank is high enough, the conversion gain of the
mixer will increase because the signal loss due to
parasitic capacitance at the common-source node of
the switching pair is reduced. As for the flicker noise
around zero frequency, it sees a short because of the
very low impedance around DC of the LC tank. The
circuit can thus be reduced to the half circuit as

shown in Fig, 3 when only flicker neise is considered.

The topelogy of mixer is destroyed, and thus the
flicker noise in neither the transconductance stage
nor the switching stage will be up-converted to IF.
The circuit simulator of ADS [3] is used to
simulate noise figure of circuits. A LNA in front of
the mixer is concatenated in this simulation. When
no LC tank is inserted in the LO switching pair, the
simulation resnlts is shown in Fig. 4. The
up-converted flicker noise has a significant influence
on the noise figure. After the LC tank is inserted, the
influence from the flicker noise vanishes and the
in-band noise figure reduces by more than 1 dB, as
shown in Fig. 5. The circuit has also been realized in
0.18um CMOS 1P6M process and measured by
ROHDE&SCHWAEZ FSQ 26 signal analyzer. The

experimented result of noise figure is shown in Fig. 6.

Though the noise figure is not as low as that of
simulation due to some circuit loss, it shows that the
proposed circuit can prevent the flicker noise to be
up-converted. The simulated flicker noise floor is
larger than 20 MHz in Fig. 4, and this phenomenon is
not observed in Fig. 6. The occurrence of the peak
when IF is equal to LO frequency is due to the LO-IF
feedthrough of the mixer.

IV. COMBINED DUAL-CONYERSION AND HALF-IF
RECEIVER

Using the proposed mixer in section III in a
half-IF receiver, and combing it with dual-conversion
receiver chain, a dual-band receiver for WLAN is
realized, as shown in Fig. 7. The components inside
the dashed frame can be implemented into a single
chip, and those outside the frame are the lumped
components, which are switch, diplexer, and
band-select band-pass filters. Two band-pass filters
instead of one are used in order to provide sufficient
rejection of the out-of-band interferences for each
band. When the desired signal is at 5.8 GHz, the
frequency conversion method, shown in Fig. 8., is
used [4]. The 3.465GHz image is 2 GHz far away
from the desired signal, and it can be filtered out by
the band-pass naiure of the on-chip amplifiers. The
first LO frequency, which is 4.62 GHz, is four times
of the second LO, and thus they can be synthesized
by a single voltage controlled oscillator (VCO} and a
divide-by-four circuit. Because the VCO frequency is
different from the signal frequency, the LO pulling

problem will not eccur,

When the desired signal is at 2.4 GHz, the
frequency conversion method shown in Fig. 9 is used.
The utilized 1.2 GHz LO frequency can be obtained
by the same circuits composed of one VCO with
4.8-5 GHz tuning frequency and a divide-by-four
circuit. As shown in Table I, the VCO frequency
range of the two bands is close, so a VCO with wide
tuning range can deliver the required LO frequencies
for dual-band application. At the same time, the 90°
phase shifter can be eliminated due to the utilization
of dividers. Another benefit of this dual-band
receiver is that the IF frequencies are close for this
dual-band signal, so there is an ease to implement the
circuits after the first down-conversion. As for the
image signal around the zero frequency, the
attenuation contributed by amplifiers and lumped
components such as antenna and band-select filter is
very large, and thus the image rejection ratio can be
as high as 60dB [2]. Two problems that should be
taken into account are the upconversion of flicker
noise to IF frequency and the DC-offset that comes
from LO-to-IF feedthrough. The circuits proposed in
the previous section deal with the first problem. For
the DC-offset problem, a high-pass filtering
offset-cancellation circuit can solve it [2]. The SNR
depgradation due to the filtering is not significant
because for IEEE 802.11a/g, the OFDM modulation
leaves the center sub-carrier empty, and for IEEE
802.11b, spread-spectrum modulation 1s used.

V. CONCLUSIONS

In this paper, the overview of the features
provided by the inductor at the common source node
of LO switches of a mixer are given. Inductors can
help to peak the conversion gain and improve the
linearity. The resulting folding structure can reduce
the LO swing, and decrease the amount of flicker
noise. For a half-JF receiver, a mixer topology is
proposed to prevent the flicker noise to become
in-band noise.
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TABLE |
FREQUENCY RANGE OF EACH STAGE
F".;‘::;‘ ®f  IFrequency Range| VCO Range | IF Range
Upper U-NII
Band (GHz) 5.725-5.825 4.58-4.66 | 1.145-1.165

1SM (GHz) | 240-24835 | 484967 | 1.2-1.242
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Abstraci—In the paper, we present the design and implemen-
tation of a baseband receiver with space diversity for IEEE
§02.11a OFDM wireless local area network (WLAN). The single-
antenna OFDM receiver has been implemented in a single chip.
To improve the system performance, we adopt two aniennae
and apply maximal rativ combining (MRC) for attaining space
diversity. We then implement an MRC-based JIEEE §02.11a
WLAN baseband receiver using two receiver 1Cs and an FPGA.
Actual measurements demenstrate that under several different
channel conditions the space diversity receiver outperforms the
original single-antenna receiver by up to 8 dB in SNR.

I. TNTRODUCTION

Recently, WLAN has received more and more attention
in both academia and industry. Basically WLAN systems
are designed to provide high-speed indoor links between
portable devices and fixed networks. One major effect that
deteriorates the performance of wireless communication is
multipath fading. Conventional solution to the multipath fadin,
involves time-domain adaptive equalizers, which consum
huge amount of hardware. The orthogonal frequency-divisio:
multiplexing (OFDM) technique overcomes the fading effec
with low-complexity frequency-domain equalizers (FEQ). T
addition, OFDM utilizes the bandwidth more efficiently tha
conventional single-carrier communication systems. Therefore
OFDM has been used in the IEEE 802.11a WLAN standard

To further increase the transmission rate, multiple-antenn
technigues can be combined with the OFDM technology, I
this paper, we design and implement an OFDM baseban
receiver that achieves space diversity by using two baseban
receiver chips (one for each antenna) and a signal processin
module built in field-programmable gate array (FPGA). Th
contents of this paper are as follows. Section 2 briefly de
scribes the operation of the baseband receiver IC, includin,
its timing synchronization, carrier frequency synchronizatior
and equalization. In Section 3, we introduce the technique o
space diversity, which includes transmit diversity and receive
diversity, We discuss only the receiver diversity and show
the comparison between two combining methods: selection
combining {SC) and maximum ratioc combining (MRC). In
Section 4, we will give a description of the design of the
complete OFDM baseband receiver with space diversity and
the measurement results. Finally, a conclusion is given in
section 5.

. BASEBAND OFDM RECEIVER CHIP DESIGN

Fig. 1 depicts the block diagram of the OFDM baseband
receiver IC that has been designed and implemented. The
receiver IC, as well as the A/D converter, operates at 20MHz.
In the beginning. the receiver finds the symbol boundary by
the delay correlator and the correlator bank. At the same time,
it also estimates the coarse carrier frequency offset (CFO)
according to the phase in accumulated delay correlation output
values, Once the coarse CFQ is estimated it is immediately
compensated in the time domain by an oscillator generating a
sinusoidal wave with the same frequency as the coarse CFQ
but in the opposite direction. The remaining CFO, however,
is tracked and compensated in the frequency domain. The
baseband receiver IC also estimates the channel gain and
correct the channel effect in the frequency domain using a
frequency-domain equalizer. In the following we will briefly
describe these operations.
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Fig. 1. The block diagram of the OFDM baseband chip,

A. Timing Synchromization

An B02.11a packet starts with ten identical short preamble
symbols and then they are fellowed by two and a half long
preamble symbols [1]. As soon as the automatic gain control




(AGC) block has settled, the symbol boundary detector in
the baseband receiver starts to determine the correct FFT
window. This task is divided into coarse symbol boundary
detection and fine symbo] boundary detection. Because of the
repetitive characteristic of the short preamble segment, the
receiver estimates the coarse symbol boundary by means of
delay correlation with a delay matching to the length of one or
several short preamble symbol. The coarse symbol boundary
is detected at the falling edge of the delay correlation {loss of
periodicity). In [2], the fine symbo! boundary is detected by
finding the first path of the channel impulse response (CIR)
with an additional FFT operation. In this chip we estimate the
CIR in the time domain by a bank of correlators matched to the
ensuing long preamble symbol. With the first path of the CIR,
the receiver sets the FFT window accordingly to minimize
inter-symbaol interference {ISI).

B. Fregquency Synchronization

As carrier frequency offset {CFO) between the transmitter
and the receiver always, the orthogonality between different
subcarriers can be destroyed and inter-carrier interference (1CI)
introduced. In addition, the phase of the received signal will
be rotated by a quantity proportion to the CFQ and the time
index. Within one OFDM symbol, the phase rotation is 1.44
degree with 1-KHz CFO, and according to [1], the maximom
CFQO between the transmitter and the receiver can be as large
as 232.2 KHz. Hence, CFO is a significant issue that needs
be tackled.

In the proposed chip, frequency synchronization is ac-
complished in two steps: coarse CFO acquisition and CFO
tracking. We exploit the fact that CFO is proportional to the
phase of the delay correlation to estimate the coarse CFO.
The residual frequency offset in the compensated signal can
still incurs phase rotation in the frequency-domain data. In
the ASIC, another PLL is used to track the phase error by
compensating in the time domain.

C. FFT and FEQ

We select the radix-22 algorithm in order to reduce the
number of the complex multiplications per output sample. The
reason is that it has the same multiplicative complexity as the
radix-4 algorithm and still retains the regular butterfly structure

- of radix-2 algorithm. Another operation related to frequency-
domain signal processing is FEQ. In the indoor environments,
we assume that the channel fades slowly. Therefore, we can
apply the channel gain estimated from the long preamble
signal to the following OFDM symbols in the same packet
without adaptation. The least squares method is adopted in the
estimation of channel gains from the long preamble symbols.

D. Channel Decoder and Design Summary

Since we implement only the inner receiver in this chip,
the error-correcting code decoder is not implemented. In the
following simulation, we collect the output bit streams of the
slicer and decode these data using a software decoder. The
Viterbi algorithm is chosen as the channel decoder because its
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Fig. 3. Power consumption of the OFDM receiver chip.

complexity will not grow expenentially as the number of data
bits increases.

The OFDM receiver ASIC is fabricated in a 0.35pm CMOS
process and is packaged in a 68-pin CLCC package. It is
a cell-based design with several customized memory blocks
(mostly delay buffers) to reduce not only the chip power
consumption but also the active area. The transistor count is
429659, which is approximately 100K gates and the layout
size of the chip including the pad ring is 4102um x 4600m.
Fig. 2 shows the photograph of the chip and Fig. 3 shows the
power consumption at different supply voltages.

111. SPACE-DIVERSITY RECEIVER DESIGN

Space diversity is used to increased the overall received
SNR by utilizing multiple antennae. The antennae are arranged
with sufficient spacing such that the channels are assumed
independent. Because there are more independent paths be-
tween the transmitter and the receiver through proper diversity
algorithms, the probability of occurrence of deep fades in
all the diversity channels is significantly decreased. So the




performance can be highly improved as the number of di-
versity increase. Various space diversity techniques have been
researched recently [3][41[51[6}[71[8][9]. Generally speaking,
there are two broad categories of space diversity:
« Transmit diversity: such as delay diversity, space-time
trellis codes, space-time block codes, and so on.

o Receive diversity: such as selection combining (SC),
maximum ratio combining (MRC), equal gain combining
{EGC), and so on.

We focus only on receive diversity because it is much
easier to implement with the existing receiver chip. In
the following we discuss properties of some most popular
combination technique for receive diversity such as 8C,
EGC, and MRC and make a comparison among these
methods:

A. Selection Combining

SC is the simplest technique which just chooses the largest
SNR in each symbol interval. However, the SNR is usually
difficult to estimate, so most systems use the total power of
signal and noise instead of SNR. In other words, we choose
the signal with the highest received power. Since the other
insignificant signals are completely ignored, we need only one
receiver chains. It is an attractive characteristic because we the
hardware complexity will not be increased by much. Although
SC is quite easy to implement, it is not the optimal combining
technique because it discards the information from all but one
antenna.

B. Maximum Ratio Combining

In MRC, the received signal from different antennae are
rotated 5o that they are co-phased, weighted proportionally
by the magnitude of the channel gain, and finally summed.
Conceptually speaking, if the magnitude of the channel gain
is larper, the corresponding signal suffers less channel-fading
effect and becomes more relizble. In one word, MRC can
perform much better than SC because it collect the information
from all the antennae and weight the signal by the optimal
coefficients. However, the performance somewhat degrades if
there exists channel estimation errors and frequency offset [6].

C. Equal Gain Combining

In EGC, the received signal from different antennae are
rotated to be co-phased, and then combined. In other words,
all the signal branches are weighted equally. EGC is usually
used i case the magnitude of channel gain is not convenient
to estimate. In general, EGC performs slightly worse than
MRC because it lacks the information about the magnitude of
channel gain, which contains the reliability in the subcarrier,

We compare the performance of different combining
schemes through computer simulation. For simplicity, we only
consider the case of 2-antenna diversity receiver. We use
the same architecture of synchronization blocks and the FFT
block. QPSK modulation with 1/2 rate convelutional code is

used and the number of OFDM symbols is set to 50 per packet.
We also take the average of the packet error rate over several
static channels with the same RMS delay spread. Fig. 4 shows
the simulation results of packet error rates using different
diversity techniques under multipath fading channel. It is clear
that the MRC receiver with 2-antenna diversity outperforms
l-antenna receiver by about 8 to 9 dB. The performance of
EGC receiver is slightly worse than MRC receiver. In addition,
the SC receiver with 2-antenna diversity only outperforms the
single-antenna receiver by less than 2 dB. No matter what kind
of diversity technique is used, the curve with two antennae
is steeper than the one with one antenna. It is because the
probability of signals at the same subcarrier from two antennae
are both deep faded is much less. Since the magnitude of
the channe] gain can be estimated by the receiver chip, it is
not difficult to realize the MRC technique. As a result, we
determine to adopt MRC technique for the implementation of
the baseband space diversity receiver.
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Fig. 4. The packet error rates with 2-antenna diversity of different combining
schemes.

IV, HARDWARE IMPLEMENTATION AND MEASUREMENT
RESULTS

For the sake of simplicity, we implement the space di-
versity receiver with only two antennae. Fig. 5 illustrates
the architecture of the space diversity receiver. We reuse the
block of the coarse symbol boundary detector, the fine symbol
boundary detector, the coarse frequency estimation loop, and
FFT in the chip, and implement the other circuits, including
the CFO tracking loops, the frequency domain equalizer and
combination circuit, and the slicer, using an FPGA.

Fig. 6 shows the photograph of the space diversity receiver
hardware. We have also implemented the diversity receiver
in FPGA simulator environment to verify the functionality
of the design. From the simulation results, we can see that
although the signal from one of the antennae is in deep
fade, the diversity receiver can still get the correct data by
combining it with signal from the other antenna. Fig. 7 shows
the packet error rate of the space diversity receiver in different
Rayleigh fading channels. The practical measurement result
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Fig. 5. Block diagram of the OFDM baseband receiver with space diversity.

degrades about 1 dB compared from the simulation. Although
the hardware requirement of the space diversity receiver is
approximately twice as large as that of single-antenna receiver,
it outperforms the single-antenna receiver by about 8 dB in
SNR.

Fig. 6. FPhotograph of the OFDM baseband receiver with space diversity.

V. CONCLUSION

In the paper, we present the design and implementation of
a baseband receiver with space diversity for IEEE 802.11a
OFDM WLAN. This system includes two single-antenna
OFDM receiver chips and an FPGA board that executes MRC
as an approach to attain space diversity. Actua) measurements
demonstrate that under several different channel conditions

Fig. 7.
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the space-diversity receiver outperforms the original single-
antenna receiver by up to § dB in SNR.
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ABSTRACT

In this paper, we propose a subscriber statgon (S85)
physicul layer {PHY) inner transceiver architecture for
TIEEE 802.16a QFDM mode. Algorithims for symbol
boundary detection. carrder frequency offset (CFO).
timing offset (TO) and frequency-domain equalization
(FEQ) as well as channel interpolation are embedded in
this receiver. Since IEEE 802.1Ga stindard coniains
various mandatory requirements, such as channelization
type, baseband equivalent channel model. carrier
frequency band, data throughput, etc, the main
consideration of the proposed arclutecture is then
flexibility and robustess to conform to various kinds of
channel combinations. Simulation results show that the
proposed urchitecture can fulfill the bit-error-rate (BER)
requirements under most situations,

1. INTRODUCTION

The OFDM modulation technique offers an attractive
solution to high-rate data access for its robusiness
against frequency-selective multipath fading and its
simple equalization scheme. Moreover, it is also very
efficient in spectrum utilization since the spectra of the
adjacent subcarriers overlap, OFDM has therefore been
adopted in several standards such as DVB-T. VDSL,
IREE 802.11a and IEEE 802.16a [1].

IEEE 802.16a is a broadband wireless metropolitan
area network [WirelessMANTM) standard from the
Institute of Electrical and Electronics Engineers (JEEE)
provides for fixed broadband wireless access (BWA)
between 2 and 11 GHz, and 1s an extension of the global
TEEE 802.16™ WirelessMAN standard for 10 to 66
(GHz. In the base IEEE 802.16 standard, the advanced
technology it defines is designed from first principles to
support multimedia services such as videocenferencing.
voice and gaming, New features, including an optional
mesh architecture, are also included. As for lEEE
#02.16a, it facilitates the widespread deployment of 2 to
11 GHz wireless MANSs as an economical alternative to
wireline connections to the intermnet,

The 802.16a standard supports licensed and
license-exempt spectra between 2 and 11 GHz. These
frequencies are well suited for residential and small
business applications using non-line-of-sight links.
Major telephone/data carriers and wireless internet
services providers will be the nuwjor customers for
equipments developed under this standard. Since the

technology infegrates well with the 1EEE #02.11
wireless LANs, IEEE B02.16a base stations are excellent
cundidates for wireless links between 802,11 hot spots
and the Internet. Moreover, the standard can also play a
pivotal rale in underdeveloped regions where only
sporadic wired infrastructures are available.

Table 1. Parameiers for $302.16a OFDM mode.

RF frequency 2-11GHz
FFT Skze 256
Effective subcarriers 192
Bandwidth (MHz} BW
Guard time {(us) Ty
Data time (us) Th
Symbol tirme {us) Tg+Th
Subcarrier spacing (kHz) af
Sampling rate {(MHz) Fs = BW x 8/7
:::zimr ::Tnl:::c“::p;jb 10473

Tuble 2. ETS] Channelization schemes.
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There are three non-interoperable modes defined in
the 1EEE §02.16a standard: WirelessMAN-SCa (single
carrier), WirelessMAN-OFDM, and WirelessMAN-
OFDMA (multiple access). We choose to implement the
OFDM mode receiver to exploit the advuntages of
OFDM modulation.

To provide further insight into what JEEE 802.16a
OFDM mode is, we list several parameters defined in the
standard [1] in Table 1. Note that the data time Tb, the
guard time Tg and the subcarrier spacing Af all vary with
the bandwidth. Table 2 lists the channehzation schemes
for IEEE 802.16a licensed specira as defined {1}. Based
on the parameters in the above two tables, we design and
implement a baseband receiver for the 1EEE 802.16a




OFDM-mode subscriber station. Moregover, simulation
results of the implemented software receiver are shown
and accordingly the validity of the design is assured.

This paper is organized as follows. In section 2 we
will introduce the symbol deseription and packet format
defined in the standard. Next. o receiver architecture is
presented  in o Section 3. Then, Section 4 provides
simutation results of this system under the Stanford
University luterim (SUI} [2] channel model. Finally.
Section 5 concludes this paper.

2. SYMBOL DESCRIPTION AND PACKET
FORMAT

The OFDM symbol structure is illustrated in Fig. 1 and
Fig. 2. Tig. | itlostrates the OFDM symbol time-domain
structure and Fig. 2 shows the frequency-domain
description. Note that 8 pilot subcarriers are evenly
inserted in every OFDM symbol. These pilots are power
boosted by 3dB in magnitude and shall be transmitted
“using hinary phase shift keying {(BPSK). In the proposed
receiver. we utilize these pilots for tracking residual
CFO/TO. Details of the tracking loop will be described
in a later section.

The IEEE 802.16a OFDM packet contains two parts,
preamble symbols and data symbols. Each of The data
symbols in a packet contains a 256-sample OFDM
symbol with a wvariable-length cyclic prefix. The
preamble structure is shown in Fig. 3. Note that the short
preamble symbol uses only subcarriers whose indices are
muitiples of four. As a result, the time-domain short
preamble waveform consists of four periods of a
64-sample fragment, which are preceded by a cyclic
prefix. The long preamble utilizes only even subcarriers,
resulting in a fime-domain waveform composed of two
repetitions of a 128-sample fragment, which are again
preceded by a cyclic prefix.

The short preamble is uwsed for coarse symbol
boundary detection and fractional CFQ estimation,
whereas the long preamble is for fine symbaol boundary
detection.,  integer CFO  estimation and  channel
estimation.

3, RECETVER FUNCTION AND ARCHITECTURE

The overall block diagram of the proposed S8
physical layer baseband receiver is depicted in Fig 4.
For clarity, the receiver is roughly partitioned to three
parts. Purt [ involves mostly time-domain processing,
such as coarse and fine symbol boundary detection and
compensating the CFO by phase rotation. Part J7 15
inlended for transformation of the signals from time
domain to frequency domain and the related signal
processing acress two domains. These include an FFT
block, tracking loop for the residual CFO. phase rotation
for timing offset (TO) compensation and FFT window
contral. At last, the blocks in Pwrr fI are used for

frequency-domain signal processing such as chamel
estimation, equalization. and slicing,

e e ————————
Ty Th
* T >

Fig. 1. OFDM symbol time domain stiucture,

Data Canziera 1 cartie) Pikt Caincts

Fig. 2. OFDM Symbol frequency domain description.
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Fig. 3. Preamble structure of 802.16a OFDM mode.
3.1, Synchropization for Acquisition

In the proposed receiver, several tasks are completed as
soon as the receiver starts up. These include finding the
boundary of FFT window and the CFO, which is crucial
for OFDM receivers. Since the short preamble is the
very first symbol of each packet, we assume some part
of the short preamble is wsed for tasks such as sigmal
detection, aufomatic gain control, and others. Therefore
we assume in the worst case only two 64-sample
segments of the short preamble are available for the
synchronization task.

The procedures for the symbol boundary detection
and the CFO estimation are summarized as follows :
(i) Compute the normalized delay covrelation M(d) and
its moving average with length equals to guard nterval

[3].

P(d) =z_:(r;+mrd+m+1,) (]J
m=0
R(d) = Lz_l:|rd+m+L|2 (2-}
m=0
2
M(d) = fﬁL 3
((R(@})

where 4 is the time index, r, denotes the received m-th
signal sample, L is the period of short preanible and is
sel to 64 in our case. P(d) is the 6d-point delay
correlation. R(:f) is the received energy of 64 consecutive
samples, and M(d) is the normalized 64-point delay
correlation.
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Fig. 4. Block diagram of the proposed physical layer inner receiver.
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Note that the moving average of M(d) with length
equals to the guard interval ¥, is defined by
¥
1 B
M, (d)=-——2 M(d-m) (4)
j\fg m=0
Moving average is used for smoothing M{(d) and thus can
yield more accurate result of symbol boundary detection.

{ii} Find the peak of the moving average, and compute
the fractional CFO {rom the phase of its corresponding
delay correlation,

{iii} When the currenl moving average drops to half of it
peak value, we set the coarse symbol boundary at 128
samples to the right of this point.

(iv) Tind the fine symbol boundary by searching in a
interval that spans 16 samples in both directions from the
previous coarse symbol boundary.

(v} Use the long preamble correlator bank at the
searching window, The set with peak occurs indicates the
correct integer part CFO, and the peak position is then
the fine symbol boundary.

{vi} To handle the situation that the first path is not the
strongest path. we use a threshold to find the peak. The
threshold is set to be half of R{d), which is half of the
power sum of 64 consecuwtive received samples.

3.2. CFO/TO Tracking Loop

The task of CFO/TOQ tracking Joop is to estimate the
resideal CFO/TQ and track 1t by a carefully-designed
loop. In this paper, we adopt the joint weighted least
squares algorithm proposed in [4]. which is a pilot-based
estimation scheme and is suitable for 802.16a system.

In the tracking loop, pilots are first extracted from
each OFDM symbeol and are passed to the WLS
estimator. Since we assume there is only one osctllator in
the receiver. we can simply estimate the CFO and then
scale it to get TO. Moreover, since the CFO introduces
much more ICI then the TO, we compensate the CFO in
the time domain while compensating the TO in the
frequency domain.

Since ICI and noise tend to deteriorate the
estimation accuracy and induce jitters, we inclode a
first-order low-pass proportion-integral (PI) filter in the
loop. By adjusting its two coefficients C1 and C2. we
can make a trade-off between convergence speed and
jitter level. as depicted in Fip. 6. To reduce the hardware
complexity. both C1 and C2 are chosen to be powers of
two. With (C1,02) = (.25, 0.125), the loop filter output
can have fairly well performance.

In the case when the tming error overflows or
underflows, we can simply adjust the FFT window for an
OFDM symbol right after detecting an overflow or an
underflow. For example, if the overflow happens in i-th
OFDM symbol, i.e. the timing clock in the receiver is too
fast that onme sample needs to be dropped, then the
receiver move the FFT window one sample ahead during
the Fourier rransformation of the {i+1)-th OFDM symbol
and vice versa. With this mechanism, the receiver works
smoothly without any up-sampling.

3.3. Channel Estimation and FEQ

As mentioned hefore, the long preamble is utilized
for channel estimation. However, since the long
preamble utilizes only even subcarners, interpolation is
needed to estimate the channel responses of the odd
subcarriers. We adopt a raised-cosine filter with “shift




term*[3] to achieve this task. Fig. 7 illustrates the
improvement by adding the “shift teom™ in the
interpolator. Note that the peaks near the subcarrier O in
Fig. 7(b) and Tty are due to no DC subcarrier. From
these figures, we can see that with shift term added. the
estimation error is greatly reduced.
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Fig. 6. Simulation results of different loop filter
coetficients, (SUT-3, SNR=15dB, residual CTO = -0.05
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Fig. 7. Estimated channei response and estimation eror
with/without shift term.  (5Ul-6, BW=1.75MHz).
(#) estimated channel response with shift term, (b)
estimation error with shift term, {¢) estimated channel
response without shift term, and (d) estimation error
without shift tern.

4. SIMULATION RESULTS

Before iflustrating the simulation results, the channel
modet used in the simulation is introduced. As
mentioned before, SUI channe] model 1~6 are adopled.
In brief, these six models differ from one another in
delay spread, multipath fading, and Doppler frequency.
Since 802.16a is for fixed broadband application,
Doppler frequency is quite small. In fact, the maximum
Doppler frequency is only 2.5Hz.

In addition to multipath fading, bandwidth is another
important factor in our simulation. Since different
bandwidth yields different sampling frequency and hence
different amount of timing error, we combine each SUI
model with the widest bandwidth for the highest possible
data rate. The criterion of choosing the bandwidth for
each SUI model is the systern being free of inter-symbol
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Fig. 8. Simulation results of uncoded BER v.s. SNR
using 64-QAM modulation.

interference. Moreover, we set both CFO and TO w the
maximum level specified in the standard, The simulated
uncoded bit errer vate (BER) performance of the
proposed  receiver using  the highest 64-QAM
constellation is illustrated in Fig. 8. If we further
implement forward error comrecting {FEC } codes. the
case with uncoded BER of less than 107 is equivalent to
a coded BER of about 107°~10"* and hence satisfies the
BER requirement listed in the standard.

5. CONCLUSION

In this paper, a physical layer inner receiver
architecture for IEEE 802.16a OFDM mode subscriber
station is proposed. Tt is designed to meet various kinds
of combinations of SUI channel models and bandwidths.
Algorithms of symbol boundary detection, CFO
acquisition and CFO/TO tracking loop as well as channel
estimation are designed. Un¢oded BER performances
under SUI-1~6 and different bandwidths show that the
proposed receiver is capable of reliable transmission in
oSt SCenarios.
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ABSTRACT

Multiple-input multiple-output (MIMO) signal processing
techniques combined with orthogonal frequency division
multiplexing (OFDM) can provide a high-throughput link
as well as an increased diversity gain in frequency-selective
fading channels. This paper proposes a MIMO OFDM
baseband inner transceiver design for the next-generation
high-throughput wireless LAN using two transmit anten-
nas and two receive antennas. A MIMO OFDM receiver
with algorithms for timing and frequency synchronization,
tracking, channel estimation, and MIMOQ detection is de-
signed and implemented in software. Simulation results
show that the proposed receiver is capable of transmis-
sion with a data rate that is twice that of the current IEEE
§02.11a wireless LAN standard.

1. INTRODUCTION

One of the main objectives of current wireless commu-
nication research is to increase the link throughput in a
spectrally-efficient and reliable manner. Multiple-input
multiple-output (MIMO) techniques have the potential of
in¢reasing the transmission rate by several folds [1]. In
general, there are two types of MIMO techniques: (a)
rate maximization schemes such as vertical Bell Labora-
tories Layered Spare-Time code (V-BLAST) [2] and (b)
diversity maximization schemes such as space-time block
code (STBC) [3]. The former can achieves a higher data
rate, while the latter gains more diversity. Both types
of MIMO techniques were developed originally for flat
fading channels, and lately have been applied to orthogo-
nal frequency division multiplexing (OFDM) technology
used in frequency-selective fading channels.

In this paper, we propose a baseband inner {ransceiver
capable of doubling the data rate of IEEE 802.11a stan-
dard with two transmit and two receive antennas, The
uncoded data rate ranges from 12 »x 2 Mbps to 72 x 2
Mbps. A new packet format based on the original for-
mat is designed for accommodating MIMO channel es-
timation. Moreover, several synchronization algorithms
for MIMO OFDM receiving are implemented. Functional
simulation results of the proposed receiver establish the
validity of it effectiveness in high-throughput wireless LAN

applications.

The organization of the paper is as follows. Section 2
describes the systemn as well as the packet format. Section
3 gives the receiver architecture and explains respective
algorithms. In Section 4 the simulation results are pro-
vided. Finally, conclusions are drawn in Section 5.

2. SYSTEM DESCRIPTION AND PACKET
FORMAT

The proposed MIMO OFDM system is illustrated in Fig. 1.
At the transmitter, data symbols are first processed by two
MIMO techniques namely spreading and MIMOC coding.
Data spreading is used to enhance the diversity, and is
done by a Walsh-code spreader [5]. MIMO coding will
arrange symbols in 2 x 2 VBLAST or in 2 x 2 STBC
according to the adopted data rate. The processed data
symbols are then sent to an IFFT operation and a cyclic
prefix (CP) is inserted. At the receiver, CP is removed,
and the data symbols are recovered after an FFT opera-
tion. Finally, data symbols are decoded, despread, and
then detected.

Fig. 1. MIMO OFDM system mode).

Physical layer key parameters used in the proposed
MIMO OFDM transceiver are listed in Table 1. Note that
all are compatible with the IEEE 8(2.11a standard. Ad-
ditional double data rates newly provided by the MIMO
techniques are listed in Table 2. Note that VBLAST-OFDM
can achieve a higher throughput due to parallel transmis-
sion, while STBC-OFDM gains more diversity by coding
over different branches. :

The new MIMO OFDM packet format is shown in
Fig. 2. The preamble consists of 10 short symbols, de-
noted as £; to ¢15, and four long symbols, denoted as T
to Ty. The preamble is followed by the SIGNAL field and
DATA symbols. Identical to the IEEE 802.11a standard,




Table 1. Physical layer key parameters,

Maodulation type BPSK, QPSK,
16QAM, 64QAM
FFT size 64
Subcarrier in use 52
{4 for pilot, 48 for data)
Bandwidth 20 MHz

{Oceupied 16.6 MHz)
312.5 KHz (=20 MHz/64)
3.2us(=1/312.5 KHz)
0.8 us
4.0us (=3.2+H}.8us)
3.2 us (=1/312.5 KHz)
0.8 us
4.0us (=3.2+0.8us)

Subcarrier spacing
FFT period
Guard interval duration
OFDM symbol duration
FFT period
Guard interval duration
OFDM symbol duration

Table 2. Achievable data rates.

Uncoded | Modulation MIMO Spectral

data rate coding Efficiency
(Mbps) (bps/Hz)
122 BPSK 2 x 2 STBC 2
24x2 QPSK 2 x 2 VBLAST 4
48x2 16QAM 2 x 2 VBLAST 8
72%2 640QAM 2 x 2 VBLAST 12

the short preamble utilizes only 12 out of 52 subcarriers,
whose indices are a multiple of 4, and hence results in
a periodicity of Tppr/4 = 0.8 us. The long preamble
also reuses the IEEE 802.11a design, with 52 subcarriers
{excluding a zero value at DC) modulated by a fixed +1
sequence. The pericd of long preamble is Trpr = 3.2 us.
Two periods are preceded by a guard interval (GI) of 1.6
us. For MIMO channel estimation, there are four periods
and the last two periods and the associated GI in one of
the transmitter are inverted.
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Fig. 2. Proposed MIMO OFDM packet format.

3. RECEIVER FUNCTION AND ARCHITECTURE

The overall receiver functional block diagram is shown in
Fig. 3. 'We divide the receiver into three parts: Part ] is

responsible for timing and frequency synchronization in
the acquisition mode; Part II is intended for residual car-
rier frequency offset (CFQ) tracking and residual timing
offset (TO) tracking; and Part I1] deals with channel esti-
mation and data recovery.

3.1. Synchronization in the acquisition mode

Timing and frequency synchronization are performed in
the acquisition mode. These tasks includes signal detec-
tion, fractional CFQ estimation, coarse symbo] boundary
detection [4], and fine symbol boundary detection. To al-
low time for automatic gain control {AGC) and energy de-
tection, we assunie only the last five short preamble peri-
ods are available for synchronization,

Step 1) Signal detection and coarse symbol boundary
detection — Due to the periodicity of the short preamble,
we use the normalized delay correlation M (k) to detect
the existence of short preambles, and averaging the results
from the two receive branches,

2 k
PRY=D" 3 rfmrgln—d), (1)

=1 n=k-L+1

2 k
REY=Y" > Ing(n)f?, @

g=1l n=k—-L+1]

_PLRE
(k} = R (3)

where k is the time index, g is the receive antenna index,
L is the summation length of delay correlation, d is the de-
lay, and rg(n} denotes the received n-th sample from the
g-th antenna. P{%), R(k), and M (k) represent the delay
correlation, signal energy, and normalized delay correla-
tion, respectively.

After applying moving average to smooth the delay
correlation, the coarse symbol boundary is determined at
the falling edge of the moving average Py, (k),

k
Paelk) == 3" P(n), )
k—w+1

g

n=

where w is window size for moving average.

Step 2) Fractional CFO estimation — Carrier frequency
offset between the transmitter and the receiver will re-
flect on the phase of the received time-domain signal. We
can average the delay correlation and calculate the corre-
gponding phase shift to estimate the CFO.

; ¢
Af =4 ! {5)

where ¢ is the phase of P(k) and T} is the sampling inter-
val.
Step 3) Fine symbol boundary detection — The long

preamble has a PN-code like time-domain characteristic,
so we match the rececived signal to several time-shifted
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Fig. 3. Block diagram of the proposed MIMO OFDM receiver.

versions of the long preamble waveform by a bank of cor-
relators. The outputs of the correlator bank thus approxi-
mate the channel impulse response, from which the first-
arrival path can be determined.

The synchronization process simulation is illustrated
in Fig. 4
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preambles of a packet.

3.2. CFO/TO tracking

Though residual CFO/TO are small after fractional CFO
compensation, the accumulated phase rotation can still de-
teriorate system performance as time goes by. Conse-
quently, we need a CFO/TQ tracking loop to dynamically
compensate such signal phase drift.

To estimate the residual CFQ/TO, we adopt the joint
weighted least squares (WLS) algorithm [6]. Because we
have double the number of pilots from two branches, the
accuracy can be enhanced when compared to the case with
single receiving antenna. Assume there is cnly one os-
cillator in the receiver, WLS algorithm can be simplified,
and we can estimate the CFO first and scaling the CFO
by a constant to get the TO. For ICI level and simplicity,

we choose compensate the CFQ in the time domain and
compensate the TO in the frequency domain. To limit the
noise, we introduce a first-order low-pass proportional-
integral {PI) filter in the tracking loop. Finally, as the sam-
pling timing overflows or underflows, we shift the FFT
window forward or backward by one sample so as to avoid
inter-symbol interference.

3.3. Channel estimation and data recovery

The long preamble is especially designed for MIMO chan-
nel estimation. By inverting the last two periods of the
long preamble in one of the transmitter, we can adopt the
STBC combining method to estimate the channe] as in [4].
The two extra periods of long preamble can also improve
the channel estimation accuracy.

For a certain subcarrier i, the received symbol matrix
R can be expressed in terms of the transmit symbol matrix
S, the channel matrix H, and the noise matrix N as

Rioxz = Si2x2Hizx2 + Niaxso. {6)
Channels can then be estimated by
H;2x2 = S;:zlngi,zxz {7

To further enhance the channel estimation performance,
we add a frequency-domain filter to smooth the estima-
tion result. Such filter is designed in such a way that its
time-domain waveform is 2 window of proper shape and
length to extract the channel impulse response and reject
as much noise as possible [7]. Mean square errors of the
estimated channel responses using the filtered and the un-
filtered schemes are shown in Fig. 5. The improvements
of the filtered channel estimation method is quite appar-
ent. Using the estimated channel responses, we can detect
the VBLAST OFDM signal and STBC OFDM signal as
described in [8] and [9], respectively.

4. SIMULATION RESULTS

The whole MIMO OFDM receiver is implemented in soft-
ware and the simulated uncoded bit error rates (BER) of
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Fig. 5. Channel estimation MSE performance.

the demodulated signals are depicted in Fig. 6. In this sim-
ulation, independent scalar channels in typical office en-
vironments are used for simplicity. The center frequency
is set to be 5320 MHz, which is the highest in the middle
UNII bands. The CFO and TO are both at -13.7 ppm ac-
cording to TGn comparison criteria [10], and the Doppler
frequency is 6 Hz, or about 1.2 km/hr.

From the simulation results, the uncoded BER per-
formance in the highest data rate case reaches 1072 at
E, /Ny = 12 dB, or equivalently at SNR=20 dB. With the
help of outer coding, we can reasonably achieve a coded
BER of 10~%, or a packet error rate (PER) of 8% for 1000-
byte packets, and thus satisfying the IEEE 802.11 standard
requirement on PER.

5. CONCLUSION

In this paper, we propose a MIMO QFDM baseband inner
transceiver design for the next-generation high-throughput
wireless LAN using two transmitting antennas and two
receiving antennas. Algorithms for timing and frequency
synchronization, tracking, channel] estimation, and MIMO
detection are designed and implemented. Finally, the BER
performance of the receiver is presented and the results in-
dicate that the proposed receiver is capable of delivering
reliable transmission with double the data rate achieved
by the current JEEE 802.11a standard.
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ABSTRACT

Reed-Solomon (RS) codes play an important role in
providing error protection and data imtegrity. Many
researches of RS decoder are implemented in parallel
architecture, which can perform the highest data
throughput rate in all RS decoder architectures. However,
for some specifications such as Digital Video
Broadcasting system (DVEB), the requirement of data
throughput rate is very low and a low-power folding
architecture is enough to achieve the data throughput rate
requirement. The hardware cost of folding architecture is
also comparably much smaller than the hardware cost of
parallel architecture. In this paper we present a design of a
scalable RS codec processor design with a reconfigurable
architecture. The reconfigurable architecture has good
flexibility for tradeoff between the data throughput rate
and power consumption. Compared with the DSP type
architecture, the proposed reconfigurable architecture can
perform higher data throughput rate with shorter latency.
Besides, with combination of two RS processor engines,
we can easily double the performance with the scalable
design. This good scalability is another advantage of our
proposed reconfigorable architecture.

1. INTRODUCTEON

Reed-Solomon codec is a widely used Forward Error
Correcting (FEC) technique [1]. RS codec has good error
correction capability for burst errors. Many applications
have employ RS codec, such as digital audio and video,
computer memory storage, magnetic and optical recording,
wireless mobile and satellite commumications, cable
modem and xDSL [2].

The block diagram of RS decoder is shown in Fig. 1.
Many ASHC designs of hardware implementation use a
parallel architecture with pipelined data paths to achieve a
very high data throughput rate [3][4]. However, the
hardware cost is very large for a parallel architecture, For
some specifications, the requirement of data throughput

rate is very low, for example, the DVB system [3].
Recently, there are some researches of RS decoder design
employing a DSP core combined with a hardware array of
fine-grain processing elements [6]{7][8]. The DSP type
architecture provides a lower data throughput rate with a
smaller hardware area, but it needs to usc a DSP fo
maintain the control of procedures of data processing.

In this paper, we investigate in details the
methodalogies of the RS decoding procedure, and design a
coarse-grain unified finite-field processing element. Then,
based on this coarse-grained processing element, we can
simplify the complexity of control and replace the DSP
core circuit with only a very small control circuit.

Reed Sclomon Decoder

Syndrome ':"'I"T"ﬁed N Error ]
Calculation Algoritnm Correction

Fig. 1. Block diagram of a Reed-Solomen decoder.

2. UNIFIED FINITE-FIELD PROCESSING
ELEMENT

There are three major DSP operations in the RS decoder,
syndrome calculation, key equation solving, and error
correction. In this section, we will analyze the common
features of those DSP operations, and define the unified
finite-field processing element.

2.1. Syndrome Calculation

The syndrome calculation module receives codes from
chamnel, denoted as r(x), and calculates syndrome
polynomial Stx).

S(I}=i|5,.x", 'ey)
where ¢ is the error correcting capability. Then, the
coefficients of syndrome polynomial can be calculated by



n-1
S, =r(a)=Y na’, i=0,1,..,(2r-1), {2}
j=0
where # is the code length and a’ al.. &’ are the
roots of the generation polynomial in encoding. The Eq.(2)
can be represented in a recursive format as
S =r@ )y =(.((r @ +r,) +r,3).)a +r, (3
and each iteration only needs a finite-field multiplication
and a finite-field addition. The processing unit of
syndrome calculation module is shown below.
&' Received Code

&b o

tn o

-4

Fig. 2. Processing unit of syndrome calculation.
2.2. Modified Euclidean Algorithm

The key equation-solving module is the critical part of the
RS decoder. We use the modified Euclidean algorithm to
solve the key equation [9]. The key equation is

S(x)a(x) = w(x)mod(x™). o)
where o x) is the error location polynomial and ax(x) is
the error magnitude polynomial. The modified Euclidean
algorithm can be explained by following iteration

descriptions.
A.  Initial Conditions
{Rn[x)=z“ ,{La(x}l=0 (5)
Palx)y= §{x) |U lx)=]

B. Update Equations in Each lteration

' B [ oR,(x)], [aQ. (x)
R,{x)= Si-l[_ﬂQ.q(I):i-'- d {bRI_,(I)]] (6)
Q,-|(I)
LR ()

- -bLi-'l(x) ! all,,(x)

_ U (x)
Vilxd =5 [L.-.(nﬂ

Fil{xj: 5,

foo= deg{R,_,(x)) = deg(Q, . (x]) 8)
[ o] ir i, z0.
T = {[n 1] if d., < 0.
C. Swp Condition
deg(R_ (x)) <! (9)
D.  Quiprut Assignments

w(x)= 0, ,(x}, o{x)=U,_(x) (10)
where “a" is the highest degree coefficient of Rix), and
“b™ is the highest degree coefficient of Q(x). Each iteration
needs four finite-field multiplication operations and two
finite-field addition operations. The processing unit of key
equation-solving module is shown in Fig. 3.

Ol IR Gu {Q)  DuR} ut1U)
Fig. 3. Processing unit of solving key equation.

2.3. Error Correction

The error correction module finds the locations of errors
by check if 2™ = 0, from k = 0 to k = {n-1). This is
called the Chien’s search. Chien’s search evaluates

cl@ =Y o, (@) k=0, 02~1). 11

=l

Forney algorithm is used for calculating the error
values. If there are some errors at the coefficient ry in the
received code polynomial rfx), the error value at »; can be
calculated by
w,+a@ (e +w, (@) +..+o_(a

o @) +o,a”Y +..0,@™")
Eq.(11) and Eq-(12) need a finite-field multiplication and
a finite-field addition for each iteration. The processing
unit of error correction module 15 shown below.

a“i Summation Input

—¢+] )i

(12)

errovr =

In Dut
Fig. 4. Processing unit of error correction.

2.4. Unified Finite-Field Processing Element

Based on the results above, we introduce 2 unified finite-
field processing element (PE) as shown in Fig. 5, which
takes the advantage that all of the three procedures can be
done at the same time. Oppositely, for a DSP type RS
decoder, there is only a single procedure can be done gach
time, and the DSP core is needed to maintain the complex

control.
Symdroma Calcuiation ModHied Exclidean Algoriihm Error Comection
" iR g hiL) ny n

J-Qb

i .
bb
i .
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l R 1

Qut Cut M) Out () CwtiL) Dut i) [+ 1]
Fig. 5. Hardware architecture of the unified finite-field
processing element




3. SCALABLE DESIGN OF RECONFIGURABLE RS
DEODING PROCESSOR

3.1. Proposed Reconfigurable Architecture

Since a parallel architecture takes large area and dynamic
power consumption, it is not suitable for low data
throughput rate specifications. And a DSP  type
architecture needs a DSP core circuit to maintain the
complex control. A reconfigurable architecture may be a
good solution because it can be reconfigured to operate at
a low power mode, and doesn’t need a complex controller.

Assume that the number of processing elements is m.
Fig. 6 shows our proposed architecture of reconfigurable
m-PE RS decoder design. We split all the data registers
mmto m segments, and each of them consists of 2¢/m data
registers. For each data register segment, we assign one PE
to be responsible for all the operations performed on this
data register segment,

1 1

reg|tag|rep|reg| Jreg|req|reg

T (100
A

T4 f Tio4 ‘j i T10% ;

Fig. 6. Proposed scalable architecture of reconfigurable m-
PE RS decoder design. (¢ = 8, m = 4 example}

reg|reg|rag|reg

=

When the data throughput rate requirement of the
system specification is very low, our proposed scalable
reconfigurable m-PE RS decoder can operates in single-PE
mode that takes low power consumption and performs the
same data throughput rate with the 2t-folding RS decoder.
When the data throughput rate requirement becomes
higher, our proposed scalable m-PE RS decoder can
gwitch to a more PEs mode to satisfy the system
specification.

While in single-PE mode, as shown in Fig, 7, each
time there is only one PE on operating when other PEs idle
without power dissipation. However, every PE needs to
operate 2t/m times, for processing its own Zi/m data
registers. In details, PEO processes reg0, regl, reg? and
reg3 separately at time slot §, f, 2 and 3, then the PEQ
idles at time slot 4 to 5. Similarly, PE] processes regd,
reg3, regh and reg7 at time slot 4 to 7, and idles at other
time slots. PE2 uses time slot 8§ to /f to work, and PE3

uses time slot /2 to /5 to work. The decoder spends 2¢
time slots (clock cycles) for completing each iteration.

PEQ  [regt]regtfreg2frena[a=-" idle B
PEY [ idle .'.Jﬂmgd]regsiregﬁ[rm?[ idle i
PE2 [ idle “TregElegsfonidegt-. idie |
PEZ [, idle —_+Jeg1deg degtdzg1g
Time "85 11 2T 3T 4 T5 16T FT @818 TG T {1112l ta1 #7115

Fig. 7. Timing diagram of m-PE RS decoder in /PE mode
for low power consumption (f = 8, 1 = 4 example).

While in 2-PE mode, each time there are only two
PEs on operating. And every PE still needs to operate 2¢/m
times for processing its own 2t/m data registers. The
decoder spends £ time slots for completing each iteration,
which are half of /PE mode, as shown in Fig. & Other
cases are similar to these. No matter in what mode, every
PE always operates 2¢/m times for processing its own 2¢/m
data registers.

PED [regdfrenifreq2]reg3f®s  idle - jregofregi[reglrega[fl. idle

PE1 [E:_idle .3)egregslregsleg7rs  idle - Jlegd|regsreublreg|
PE2 [regt[regolegtdegtii. idle  ijmos|regifegidegifs. idle - |
PE3 EZ  idle ufesidwidegideaiy - idle  legiepiiegideaty
Time “FTIT 2T TR T BETE T T T 0T i T8 T3 T4 T BTE&TT

Fig. 8. Timing diagram of m-PE RS decoder in 2PE mode
{t =& m = 4 example).

As the result, each PE needs a (2¢/m)-to-/ symbol-
wise multiplexer to choose from the 2¢/m register data
inputs, and outputs through a J-to-{2¢/m) de-multiplexer to
its own 2¢/m data registers. Besides, the control circuit,
which generates data path control signals is just a counter,
and no DSP cores are needed, The total delay on data path
control is (logat - logam + 2) 2-to-! multiplexers delay.
The total data path control area is (24¢— 6m) symbol-wise
multiplexers.

3.2. Scalability

When the data throughput rate requirement is too high,
and the m-PE RS decoder cannot achieve the system
specification even with m-PE mode, we can extend the m-
PE RS decoder by combining two or more the m-PE RS
decoder to form a 2 x m-PE or higher mode RS decoder.
Fig. 9 is an example of two 4-PE RS decoder combine
together forming a 2 x 4-PE RS decoder. Fig. 10 shows an
example of four 4-PE RS decoder combine together
forming a 4 x 4-PE RS decoder, which performs the same
data throughput rate with 2r-parallel RS decoder when ¢ =
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Fig. 9. Extended 2 x 4-PE RS decoder

: "4PEx RS Dacader | 47E RS Gecooee 4PE1 RS Cacoder APE3 RS Dsonder 'J

FebE i B i

Fig. 10. Extended 4 x 4-PE RS decoder

4, PERFORMANCE COMPARISON

By using a /6-parallel architecture with our proposed
PEs, we can use less gate counts to achieve 1
symbol/clock data throughput rate, which is the same with
Lee's /6-parallel architecture design [3]. Besides, with a
scalable reconfigurable architecture for four PEs design,
our 4-PE scalable RS decoder still has good performance,
with .25 symbol/clock data throughput rate, compared
with the DSP type architectures [6](7]{8]. The comparison
table is shown in Table 1.

Table 1. Comparisan with other architectures {r = §).

Table 2. Comparison table based on the same PE.

Data through- Hardware used each
put rate clock cycle
(symbol/clock)| reg imult| add | 2-to-7 mux
2t-parallel ! 12¢0) 121 8t 8t
( zf,:;:fn"'_‘;ﬁ i 120|120 | 8t |(488m)- ar
Efijflflg m/t 12m|i12m| 8m | 48t-4m
m-PE mode m/2 Sm | 6m | 4m | 24t—Im
2-PE mode I/ 121121 8 [{(48m) -4
JPE mode 12t 6| 6| 4 [ {24t/ -2
2t-folding 172t 6 | 61 4 4

Area | Latency Data through-
(eate) | (clocky | Putrate
& {symbol/clock)
Lee’s {6-parallel [3] | 55210 !
J6-parallel with' . 5o/0.. ). S
proposed PEs ' 350017 Lo
Proposed scalable in. |, oo [y L T pa
Pt e [ 21526 | an+ 4] 025,
Lee’s DSP [6] NA |dn+ 114 0.22
Ii’s DSP [7] Nid | 4n+ 236 0.9

gn + 37 017

Song’s DSP [8] /4

For applications of the proposed m-PE scalable RS
decoder, when the data throughput rate requirement is low,
the #w-PE scalable RS decoder can be reconfigured to
single-PE mode and operate with very low power
consumption similar with a 2+-folding RS decoder design.
When the data throughput rate requirement becomes
higher, the m-PE scalable RS decoder can be easily tuned
to get the higher data throughput rate requirement. When
the data throughput rate becomes higher than a m-PE
scalable RS decoder can provide, we can even extend the
m-PE scalable RS decoder to 2 2 x m-PE or more PEs RS
decoder. We list some applications of our proposed m-PE
scalable RS decoder in Table 2, compared with 2z-parallel
and 2:-folding architectures,

5. CONCLUSIONS

In this paper, we have developed a scalable VLSI
architecture of reconfigurable Reed-Solomon decoding
processor based on unified finite-field processing elements.
Our proposed m-PE scalable RS decoder architecture has
very good flexibility performing different data throughput
rate from very low to very high, with acceptable power
consumption on data path control. It also has an advantage
on a good scalability.
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Abstract - In this paper, a hardware nested looping structure
with an instruction buffer memory is proposed for the
parameterized and embedded DSP core. An optional buffer
memory for the instructions in the loop is used to save much of
the memory accessing power consumption during the transaction
of the program memory fetching. The size of the instruction
buffer memory and nested loop depth are parameterized
parameters. Design examples show that the hardware overhead
for the nested hardware looping scheme is only 4.20% and saves
12% puower consumption.

I Introduction

Combining high performance DSP processor core with
customized circuits for better performance is a trend in an
application specific product. We had proposed a module
generator of a parameterized and embedded DSP core [1]. Fig.
1 is block diagram of NCU_DSP. The DSP core includes basic
function blocks, optional multi-function blocks, optional
special blocks, parameterized data bus and data/program
memory. The design parameters are selected by the designer
and then a synthesizable Verilog code is generated. For many
DSF functions of communication systems, our DSP core can
be easily customized to meet the requirement of performance

[1].

Table 1 Comparison of Software & Hardware looping

. B-poist FFT | - B-poimt FFT.. .. .

_(Software Looping’ | (Hardware Looping). |
Program length 161 142
Cycle time 927 736

Efficient looping operation is critical to digital signal
processing because most of the DSP algorithms are repetitive.
Consequently, 8 good DSP core shall support zero-overhead
looping with dedicated internal hardware [1,2]. Table 1 shows
the efficiency of hardware looping comparing with software
looping for a 3-level nested loop. Beside hardware looping,
using a small buffered memory for the instructions in a loop is

a good idea to save memory access power consumption [3,4,5].

However, the design of instruction buffer for only the inner
most loop are not efficient in executing nested loop [3,4]. Also,
the use of instructions cache has some instruction cycle

Shyh-Jye Jou

Department Of Electronics Engineering
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No. 1001 Ta-Hsueh Rd., Hsinchu City, Taiwan 30050, R.O.C
Tel : +886-3-5131475
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penalty if the cache is missed [4,5]. In our design, the
instruction buffer only stores the instructions in loop. The size
of the instruction buffer is much smaller than the program
memory. 50 a small instruction buffer can be placed closer to
the instraction decoder to save power consumed not only
cause by large program memory but also by longer bus. The
operation of instruction buifer involves no miss or instruction
cycle penalties. Moreover, in our parameterized DSP core, the
designer can decide which level of the nested loops will be
stored into imstruction buffer. Also, a key difference of our
design is that our embedded DSP core is parameterized and
the buffer size can be selected by designer according to the
length of loops in the applications,

e e o e - |

R o
s Fantnn

Fig. 1 Block diagram of NCU_DSP
II. Design of Buffered Hardware Looping

To achieve the function of hardware looping, program
address generating unit (PAGLU) shall includes Block Repeat
Counter (BRC), Repeat Start Address register {RSA) and
Repeat End Address register (REA). Also two comparators
shall be used to check if BRC equal to zero and if Program
Counter (FC) is equal to REA. The loops of a DSP program
can be partitioned into 3 categories: loops with single
instruction, loops with a block of instruction {non-nested) and
loops with nested looping.




For repeating a single instruction, the pointer of the
program memeory address is program counter (PC). Once the
instruction is fetched and stored in the instruction register of
instruction decoder, this instruction will not fetch again for the
rest of looping.

Pt
1 s REA\_ 2
TRX \ Program
I .L By
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Fig. 2 The difference between EPTB and RPTBX

The circuit for loops with a block of instructions needs
another pointer like PC when using instruction buffer because
the instructions are now in the buffer. The addresses of
instructions in buffer are different from those in program
memory. We use the buffered program counter (BPC) as a
pointer to indicate the addresses of instructions in the buffer
and contro! the fetch of instruction buffer.

STM #end_loopl, REA
RI'TE Na_laopl

STM #end _loopl, REA
REFTBX Na_ioop]

( STM #end_joop2, REA
RI'TBX Mo_locp2 S5TM dend_locpl, REA
RPTBX Mo_loopl
STM ¥end_Joop2 REA | | | ...

RPTBX No_loopd

STM #end_loopd, REA

RPTBX Ma_loop3
— #ond_loop]
#end_locp}
~ #end_loop|
() {b)

Fig. 3 Examples of 2 different nested loop

Basically, the loops with nested looping use the same
concept of loops with non-nested looping. However, in the
beginning of execution the lower level loop, system has to
store the information in the upper level loop. The control
circuits will store the information in a memory by first in last
out sequence like a stack. When instructions in the lower level

loop inside a nested loop are executed, the RSA, REA and
BRC of the upper level loop will be pushed to a stack.
Furthermore, the circuit needs a different set of RSA and REA
when using instruction buffer. The RSA and REA in program
memory have to transfer to the address of the instruction
buffer when nested loops fetching from instruction buffer.

The instruction of repeating block instructions is RPTE and
RPTBX when using instruction buffer. Fig. 2 illustrates the
difference of instruction fetch between RPTB and RPTBX. On
the left of Fig. 2, entire nested loop is intended to store in to
the instruction buffer. All loops are using RPTBX instruction.
On the right of Fig. 2, loop of level 1 is not intended to store
into the imstruction buffer. Only level 2 and level 3 use
RPTBX instruction. It is note that the beginning of the loop is
a STM instruction following by a RPTBX or RPTB. This is
because there are 3 values has to be stored, RSA, REA and
BRC. The machine code of the propoesed DSP core
instructions are 24 bits and can only pass 2 sets of operands.
Therefore, looping operation has to be partitioned into 2
instructions to accomplish 3 sets of operands. The RPTB and
RPTBX can be used in a nested loop at the same time. Fig. 3
shows two examples of nested looping in different
configurations. In Fig. 3{a), the top level of the loop is not
stored in the instruction buifer. The instuction block of
“loop2” and “loop3™ will be stored into the instruction buffer.
Fig. 3(b) illustrates another complicated nested loop can be
executed in this design. Thus, for a long loop with small loop
count, RPTB used to avoid the requirement of using larger
instruction buffer. However, for a short loop with large loop
count, like most DSP operation, RPTBX should be used. The
instruction buffer size is the maximum number of the
instructions in the RPTBX nested loop.

BRC=D, sp=sp_end
sp_Hw =4, tag[sp+1]=1

Fig. 4 The state diagram of RPTBX
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Fig. 5 An example of RPTBX instruction

Fig. 4 shows the conirol sequence of buffered hardware
nested looping. The STO state is the default setting to fetch
instructions from the program memory. It will stay in this state
unless the RPTBX is being executed. The ST1 state is to fetch
instructions from the program memory and in the same time
store the instruction to instruction buffer. This state is the first
looping time of RPTBX instruction. In this state, the PC and
BPC are increased in the same time. In the successive looping,
ST2 state entered, instructions are fetched from the instruction
buifer. The PC and program memory are disabled in this state.
Although the overhead circuit of instruction buffer scheme
will consumrnate extra power, but some circuits including
program memory are zero switching at this state. Fig. 5 is an
example to show the different between BPC, REA and RSA.
For example, REA of loopl is 11 in program memory; 9 in the
imstruction buffer,

111. Design analysis and Results

When using a DSP core with proposed instruction buffer
design, user must aware the size of instruction. We suggest the
user can generate DSP core according the maximum loop
which needed to store in the instruction buffer. But keeping
the instruction buffer size smaller is better. The design
example in Table 2 shows 4.20% of overhead with the
instruction buffer. Table 2 shows the chip summary and the
hardware overhead of instruction buffer we used in the design.
It is note that NCU_DSP core is a parameterized DSP core.
Designer can select parameters according application
demanded.

We use a B-point FFT program to verify power

consumption saving in buffering hardware nested loop scheme.

This program executes the FFT algorithm in three-level nested
buffered loops. Total clock cycle time is 736 clock cycles. The
loop body has 22 instructions. The loop had been repeat 14
times.

On the other hand, the same program using three-level
non-buffered loops {RPTB) will also be simulated for
COMpanson.

The DSP core example is implemented by TSMC 0.25um
standard cell process. The length of instruction buffer is 32
words. The total power is 12% saving in post-layout
simulation by NanoSim®{6). Table 3 shows the comparison of
RPTB and RPTBX. By further observation, the simulation
indicates the first loop of the buffered loop (RPTBX) is only
consumed 1.63% extra power because of fetch program
memory and store to the instruction buffer. It also shows this
small instruction buffer and its control circuit consumed only
1/7 power of the program memory.

Table 2 Chip summary

TSMC 0.25um 1P5M

Process
KCell library Artisan 0.25 Cell Library
[Supply voltage 2.5V
aximum operating frequency 125MHz
IDSP core  area  with  instruction 123172 gate counts

ba ffen(32 *24bit)

DSP core asrea without instruction buffer 118196 gate counts

1512x24-bit (Program memory),
1512x 1 6-bit{Data memory),
=1 6-bit (HP] memory)

Memaory

Table 3 Power consumption of RPTB and RPTBX

Using RPTB
27596 mw

B-bit FFT nested loop -
Powen@100MHz

Using RPTBX
247.08 mw

IV. Conclusions

The buffered hardware nested looping in our design is not
only provides a zero-overhead looping scheme. It will also
save the power consumption in program memory fetch. Our
design has optional instruction for programmer to decide
which level of nested loop to be stored to the buffer according
the usage of instruction buffer size. The programmer can
decide which loop or which level of the loop to be buffered by
specified instructions. The design result shows 4.20% of
hardware overhead saving 12% of power in each instruction
execution. The power of instruction buffer and its control
circuit are 1/7 of the program memory.
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ABSTRACT

Correlator is the most demanded block in
communication systems. In this paper, low power
correlator block is implemented into an embedded DSP
core as a special block. This special block of correlator
can employ data bus bandwidth of DSP efficiently. The
design results show that it use enly 3235 gate counts and
can reduce the correlation operations from 20
instructions {without correlator) to only 4 instructions.

1. INTRODUCTION

An important feature of the WCDMA system, one of the
candidates of 3G standard, is the requirement to spread
data. Fig. 1 shows a basic transceiver structure of
WCDMA system. In order to transmit data with different
rate in the same bandwidth, all the base-band data is
spread by a set of codes in the transmitter into a unity
code rate. The spreading code generation definition can
be found in 3GPP specification [1]. Under this spreading
code scheme, the receiver needs a match filter block to
recover data. This operation is defined as “dispreading
data”. The dispreading can be done by using correlation
block with smaller chip area [2]. Although the primary
function of the correlator is data dispreading, it also can
be used in cell search procedures. Thus, in different
sections of the system, different correlation operations
are required.

Basckund | | E““;"‘“F Spreading I Code D“"":""‘“ || Barcbana
Duea Interk-aving ‘ . Comehation Drcade ban
122 keps Dksps 384 Meps 384 Mops kbpe 122 keps

Fig. 1 Block diagram of a WCDMA communication system

There are three steps in the WCDMA cell search
procedure [3]. In each step, there are different correlation
requirements. This implies we need different data flow
and hardware to complete all three steps. The ASIC
approaches will never meet all the requirements
encountered without designing all data-path [4]. In other
aspect, a DSP core based approach can be easily changed
to fit the different requirement. There are some
approaches that combine the correlater into a DSP core.

In [5], it is much like a bank of correlator which is
controlled by DSP core and works as a co-processor.
There are also now several DSPs on the market that have
been designed with wireless applications in mind, for
instance, the TI C54x series, the Lucent 16000 sertes and
the ADI2lxx series, etc.. In the consideration of
WCDMA application, a correlator coprocessor is built
up of TI C54x as a loosely coupled coprocessor (LCC),
The concepts of LCC indicating the coprocessor in C54x
operated in symbol rate which occupies many clock
cycles. The function of coprocessor can easily be
changed by changing instructions. However, this design
needs timing synchronization and data /O between
different coprocessor. In order to accelerate the
processing ability of DSP in WCDMA, we propose a
correlator as a special block in our NCU_DSP core [6].
The proposed correlator special block works in the same
clock rate as the DSP core. Thus, the correlator can
benefit from the full bandwidth of DSF core.

In the following of this paper, Section 2 will demonstrate
a low power correlator design. Section 3 will show the
design of the Correlator in DSP Core. The design results
will be shown in Section 4. Finally, a conclusion will be
made in Section 5.

2. LOW POWER CORRELATOR DESIGN
There are several different correlator structures have
been proposed, two’s complement, sign magnitude and
biased implementation [2]. Fig.2. shows the three
different structures. The implementation in two
complement is shown in Fig. 2(a). The incoming data are
first multiplied with scrambling code and the results are
accumulated. The most power consuming operation in
correlation is accumulation. Thus, 2 low power
accumulator is needed in the correlator. There are two
main sources that cause power consumption: high
switching probability and sign extension.

O ot




Fig.2 Accumulator of Correlators by using (a) two  complement, {h)}

sign magnitude and {¢) biased number implementation.

As the code characteristics shown in Table 1, the outputs
of correlator are suspend in the range from 200 1o
2079241y (with L 0dd) or from (2&P21) to
-(2%"2241Y (with L even) most of times, where L is the
length of the PN Code generator. Thus, we can say that
the range of correlator result is around zero. Two
complement number system has a large switching
probability in output when the value of data is around
zero (from positive to negative or vice verse). In CMOS
circuits, the dynamic power consumption equation Pd=
PH{C**V") in CMOS circuits, where Pt indicates
switching probability, C for switched capacitance in the
circuits, f for operation frequency and Vi for supply
voltage. Thus, large switching probability consumes
large power consumption. The code multiplier output is
k-bits long while the other operand from D-FF is {k+n)
bits long. (n is the number of accumulation and it
depends on the spreading factor, k 1s the number of ADC
output bits and it depends on the system precision
requirement). Therefore, the output of the multiplier has
to be sign extended to (k+n) bits. Thus, it needs extra n
bit full adder which means more switching activity in the
accumulator.

Table | The orthogonal characteristics of correlation

Liser Pattern  |Received signal
1,1,1,1 1,1,-1,-1 1-1,1,-1 -1,1L1,-1
1,111 4 [1] ] 0
1,1,-1,-1 0 4 0 0
I.-1,1,-1 0 { 4 0
i,-1,-1,1 0 1] 0 4
Correlated Results

In order to solve the power consumption problem, there
are two different structures being proposed: Sign

Magnitude with a Positive and Negative Accumulator [7]
and Biased Number System [8].

The main feature of the sign magnitude system is to
accumulate positive values and negative values
separately. Its block diagram of sign magnitude is shown

in Fig.2(b). During the operation of correlator, the input
data are correlated with PN code at first and then

separated into two arms according to its sign bits. The
positive values and negative values will be accumulated

separately by two independent accumulators in chip rate.

Every symbol period, a subtraction operation between
positive accurmulator outputs and negative outputs is
performed to get the final value. Due to the
characteristics of sign magnitude system, we can lower
the switching probability significantly when the
accumulator results are around zero. Another proposed
correlator structure is the biased number system. The
basic idea of this implementation is based on Eqn.(1}:
A =—(a, ) 2" +Z:al.2,.

Apa =(2, 32" +fa,z,. =2"" = (g, ]-2"" +"Za,.z, =2 v A,
Every operand in biased number system is added with a
MSB value. In a k-bit system, all the incoming data is
biased with a 2*' amount. The hias amount addition can
be accomplished by simply reverse the MSB of
incoming data. The most important characteristic of
biased number system is that it shifts the represented
numbers to the range 0 to 2 (the two  complement
number can express numbers from -2*' to 2*'-1.) Since
all the input bits are positive value, outputs of the
correlator in biased number system are always positive
value, As a result, the high switching probability caused
by zero around output value can be avoided. However,
we need to subtract the bias from the result of the
accumulator. Due to the characteristic of binary number
system, this can be achieved by simply reverse the bit
corresponding to the accurnulated biased value, With this
comprehension, we can design a correlator with different
spreading factors. The block diagram of the correlator in
biased number system is shown in Fig.2(c).
The sign extension problem can be avoided by using an
m-bit counter to handle upper bits of correlator result.
Because incoming data is fixed in k bits long, which
means adder only need to handle the lower k bits
addition, and the counter is responsible for carry out
counting. Combining the counter value and k bits of the
accurnulator is the correlator output. With this
methodology, the higher switching activity of clock
signal in higher bits is eliminated. The design results
show that by using the biased (sign-magnitude) number
implementation in the accumulator of correlator, the
power consumption saving is 25% (16%) as compared
with two complement implementation. Obviously,
the biased number based correlator structure is the one
consumes the lowest power.

3. SPECIAL BLOCK OF CORRELATOR IN DSP

CORE

The modulation and demodulation procedures of
WCDMA are divided into several different steps. In the
following, we will put our focus on the correlator
requirement of each steps, more detail information about
cell search procedure can be found in [1] [3].
Step 1: Slot synchronization
In the WCDMA system, messages are transmitted in the
format shown in Fig.4. Thus, receiver has to accomplish
two-step synchronization, slot and frame synchronization.
The first step is to do slot synchronization with
information in a specialized channel, P-SCH (Primary
Synchronization CHannel}. P-SCH is composed of PSC




(Primary Synchronization Code), as shown in Fig.5. The
same PSC is broadcasted in every cell in the system [9].
Thus, correlation between received data and a fixed PSC
is needed i the slot synchronization step.
Step2: Frame synchronization and
identification

In the WCDMA system, Secondary SCH is designed for
frame synchronization. Distinct from step 1, there are 64
different S5-SCH code group defined in [1]. Each code
group defines a set of fifteen codes to compose a frame,
or fifteen slots. In the CDMA system, PN code group is
identified by SSC [I0]. Thus, not only the frame
synchronization is done in step 2, the PN code-group
identification is also accomplished in step 2. In short, we
need to correlate the received data with 64 different
S-SCH codes for two purposes, one for frame
synchronization and one for code-group identification.
Step3: Scrambling-code 1dentification
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Fig.5 Synchronization channel structure

After step 2, we need to identify which code group the
received signal is. Thus, the receiver narrow the
spreading code searching range from 512 primary PN
codes to 8 primary PN codes. It means the correlation
requirement in the step 3 is to correlate received data
with eight different primary PN codes.
Besides the cell search procedure, correlator also plays
an important role in the tracking phase, The mobile
station has to synchronize frequency and track phase. In
summary, there are three different correlation conditions,
a data sequence are correlated with a certain code, a data
sequence are correlated with different numbers of codes,
and a permuted data sequence are correlated with a
certain code.
There are tree possible
conditions of correlator:

1. Batch signal data correlation

2. Serial input data for real-time correlation

3. Different data sources for synchronization
Based on the analysis of correlation conditions and DSP
cooperation consideration, we propose a correlator
special block as shown in Fig.6. The main design
principles are trying to design a low power, hardware
sharing DSP special block, which is specialized for
receiver. Basically, it can correlate the data in 4 different

input data arrangement

Anasox

correlation conditions. It also can correlate 4 data in
parallel within I correlation operation.
As the system requires different kinds of PN code [1], so
the PN codes need lot of memory space. We try to use
code generator to do PN code generation, and D-FF are
going to store PSC and SSC read from memory. The
four “C_gen/DFF” blocks are designed to be responsible
for reference code generation and code shifting operation
for proper operands alignment. The hardware of code
generator is designed with specification in [1], and the
four D Flip-Flops in four *“C_gen/DFF” blocks are
actually built in the form of shift registers.
Besides code source, the data source is properly
designed for different correlation conditions. The data
bus (word length) in NCU_DSP core is N bits long,
where N depends on user  configuration. In here N is
assumed to be 16, and the receiver system supports 4-bit
precision in ADC. If DSP read a 4-bit received data by a
16-bit data bus each time, it obviously causes a great
waste of bandwidth. Therefore, we rearrange the
incoming 4 data as a word. Thus, each memory access
can read four received data each time. Under this data
arrangement, a three level carry save adder (CSA) is
built for multi-operands accumulation. There are two
main benefits from using this data arrangement:

1. Higher data bus utility rate: Data bus utility rate is
improved from twenty-five percents to nearly one
hundred percents.

Lower power consumption: Because this proposed

correlator accumulating four data in one cycle, we adopt

CSA architecture for multi-operand accumnulation. This

implies that the proposed correlator only needs

one-fourth cycle of traditional correlator, and eliminates
unnecessary carry propagation. Thus, we can expect for

& further power consumption reduction.

As described previously, there are three different

correlation conditions. We illustrate the data flow for

different condltlons
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Fig.6 Architecture of correlator

Condition 1: As the data arrangement illustrated in Fig.
7fa), four successive incoming data are read in one cycle.
In this example the data word (p;) is 4 bits. The word
length of our NCU_DSP core is 16. It can correlate 4
data in one clock cycle. The four incoming data also can
be multiplied with four different reference codes
depending on the application. Results from four
multipliers are accumulated in four corresponding
accumulators independently,

Condition 2: As shown in Fig. 7(b), one received data is
correlated with one dedicated code in an instruction




cycle. Each incoming data are first multiplied with its
corresponding code. The results from four code
multipliers are then put together and accumulated in the
accumulator at the uppermost arm.

Condition 3: During tracking phase, received data are
permuted in the sequence of early, late and data. In the
mean time, correlator has to compute the CPICH

correlation for additional channel information [11]. Thus,

there are totally four different correlations required. The
data flow is shown in Fig. 7(c).
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Fig.7 Data flow of corvetator in (a) condition 1, {b) condition 2 and (c)
condition 3.

4. DESIGN RESULT

NCU_DSP core is a configurable DSP core, which
means it is flexible in many applications. We propose the
correlator as a special functional block which is suitable
for communication system especially for WCDMA.
With proper design, a minor change in arithmetic
scheme and data format can help a lot in reducing
instruction cycie. As shown in Table 4 the correlator
special block can help DSP to have five times higher
efficiency during correlation operation. It not only
reduces four times less memory access, but also reduces
eight times less instruction cycle consumed in data-path
operation. Table 5 shows the synthesis results of the
correlator special function block. As a special functional
block of NCU_DSP core, the correlator is only 6.04% of
area increasing, Table 6 shows the summary of proposed
design in 0.35um and .25 um.

Table 4 Number of instructions used with and without comrelator block

Data-path without{Data-path  with
Correlator Correlator
Input Data Writing |4 ins. cycle 1 ins. cyele
Operands Reading |4 ins. cycle 1 ins. cycle
Correlation 4 ins. cycle in XOR 1 ins. cycle
Executing 4 ins. cycle in accumulating
Results Writing 4 ins. cycle 1 ins. cycle
Total 20 ins. cycle 4 ins, cycle

5. CONCLUSION

In this paper, we have proposed a low power correlator
for better performance as a key processing element in 3G
communication applications. Fig. § shows the block
diagram and the special block of correlator in the
NCU_DSP core. It wouldn cause extra delay in the
critical path of NCU_DSP core and can finish the
execution of correlation cperation in one clock cycle. As
mention previously, the NCU_DSP core can perform
better because the correlator that has high data-bus utility
rate and low-power design. The example of 16-bit
word-length NCU_DSP core and 4 bits data word-length
of correlation operand is shown in Table 4 and 5. The
delays of this correlator at critical path are 5.96ns
{0.25um) and 7.9ns (0.35um) and consume about 3235
gate counts.

Table 5 Synthesis results of correlator block
0.25um 0.35um

Area 253um x 233um 3235 gate counts
Timing 5.06ns (5 Hns)’ 7.9ns (8 96ns)’
Area Overhesd |6 04% 6.489G
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Fig.8 The special block of correlater in NCU_DSP core
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ABSTRACT

In this paper, a parameterized module generator of DSP
core for embedded application is proposed. Some special
functions for the communication applications are
included in this DSP core. Moreover, key parameters of
the DSP core are identified and analyzed to show their
effects on performance index such as execution cycle,
hardware gate count and power consumption. The
parameters of the DSP core and the special functions
required can be specified by user which is required by
the application. The DSP core which generated by the
generator is synthesizable and flexible RTL code for
system integration. The tumn around time of design
process can be dramatically decreased. Furthermore, the
generator can automatically optimize the structure of
DSP core for different parameters. The design examples
show that the variety of selection in implementation by
using this parameterized generator and its flow provides
the system designer to obtain better result in area, speed
and power trade-off.

1. INTRODUCTION

Some DSPs can achieve high throughput by exploiting
parallelism with specialized data paths at moderate clock
frequency. For example, VLIW (Very Long Instruction
Word) and SIMD (Single Instruction Multiple Data)
approaches can be used to further enhance processor
performance[1][2]{3]. However, these approaches are
not economical for dedicated application in area and
power terms. Therefore, combining a dedicated, high
performance DSP core with some special blocks yields a
highly integrated system will be more suitable for
embedded core[4][5]. To achieve higher performance on
the communication algorithms, special functions like the
dual MAC unit, the Hamming distance calculator, the
dedicated CSD code based FIR filter, the multi-level
slicer unit, the SWP (sub-word parallel) structure, and
the multi-level hardware loop blocks etc. are provided as
optional blocks in the core to be used as an embedded
core. Also, both the peripheral and memory architecture
should be designed for embedded considerations[5].

We had proposed a DSP core for embedded system
applications, the NCU_DSP core [5]. The NCU_DSP
core itself is parameterized with several independent
parameters. In this paper, we propose a parameterized
DSP core generator and its parameterized flow to
automatically generate the embedded DSP core. In this
way, the parameters of the DSP core and optional special
blocks can be configured and the whole DSP cores can
be generated for the dedicated applications.
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Fig. 1 Flow of parameterized generator in theoretical

To be used in the automatic IC and FPGA design flow,
the RTL design of the whole DSP core can be generated
by the proposed generator flow as shown in Fig.I. First,
according to the specified application, all parameters can
be determined by user. Then the user select the optional
special functions of this DSP core which are required for
computational intensity application and the control unit
will be set up according to the function blocks selected.
Finally, the synthesizable Verilog code will be generated
by the module generator.

=

[ -

Fig. 2 Block diagram of NCU_DSP core.




In the following of this paper, section 2 overviews the
architecture of the NCU_DSP core. In section 3, we will
show the parameters and special functions. Section 4
will show the implementation of module generator and
give some example of the implementations of the DSP
core. Finally, a conclusion will be made in Section 5.

2. THE ARCHITECTURE OF DSP CORE
Fig.2 illustrates the overall architecture of NCU_DSP
core. NCU_DSP is a fixed-point DSP core. The grey
blocks in Fig.2 are the special functional blocks and are
optional. The dashed blocks are multifunction blocks
with optional functions. The DSP core itself is
parameterized with several independent parameters.
Users can set the parameters to fit the requirements of
application. However, bus, memory architecture, YO
interface, pipeline stage sequence and the blank blocks
in Fig, 2 are the same for all the parameter settings.

2.1. Bus and Memory Architecture

NCU_DSP core uses the modified Harvard architecture
in bus architecture. The modified architecture contains
one program memory bank and one data memory bank
with separate program and data bus. The program and
data memory are single port and dual port RAM,
respectively. The dual port RAM indicates that the DSP
core simultaneously can make two accesses to RAM.
This arrangement provides a maximum of ene program
access and two data accesses per instruction cycle to
enhance memory access capacity.

NCU_DSP core supports three addressing modes,
namely the indirect addressing, register-direct addressing
and immediate addressing modes. Moreover, NCU_DSF
core supports circular addressing and bit-reversed
addressing in the indirect addressing mode as optional
functions. The program memory address is coded by of
Gray code instead of straight binary code.

2.2, YO Interface

The /O interface of DSP core contains three operating
modes, the direct data access (DMA) mode, the hand
shaking mode and the merge mode. The DMA mode is
provided for transferring data quickly and conveniently
inn batch transaction. The iransfer rate is the same with
the clock in the DSP core. The hand shaking mode is for
transferring real-time data but the data rate is not regular.
The data rate in merge mode is synchronous and regular
but slower than the internal clock of the DSP core. The
data transfer in the handshaking and merge modes occurs
between the data outside the DSP core and the host
programmable interface (HP[) memory. The HFPI
memory resembles a buffer of data memory.

2.3. Pipeline Stage

The NCU-DSP core contains six pipeline stages,
namely instruction fetch stage { IF ), instruction decode
stage ( ID ), operand fetch stage { OP ), execution one
stage ( EX1 ), execution two stage { EX2 ), and write
back stage { WB ).

3. PARAMETERIZED DSP CORE
3.1 Parameters
In this section, we will discuss the parameters of DSP
core. The parameters are listed in Table 1.
Data_length, Dmem_size, Pmem_size, HPImem_size,
PC_stack_size:
The data word length of DSP processor is the key
parameter. Most of the data operation blocks of the DSP
core will vary as the data word changed. Different data
word length will have different size of chip area. For
example, the number of pipeline registers, the data
memory and the area of data-path blocks will be
proportional to the data word length. Thus, for a
fixed-point DSP algorithm, maximum required data
word length shall be determined carefully to optimize the
core area. The data memory size (Dmem_size}, program
memory size (Pmem_size) and the host programming
interface memory size (HPImem_size) can be selected
according to application demand. The stack memory size
of program counter (PC_stack_size) will determine the
number of the looping calls. From the area point of view,
the memory usually occupies a huge part of the total area
of DSP core. Therefore, the parameters, Dmem_size,
Pmem_size, HPImem_size and PC_stack_size should be
carefully determined according to applications for
optimal performance.

Table 1 Parameters of DSP core for module generator

Parameter . -Range Relation - | Description
Data_length B ~ 48 bits ) Data werd longih
The size of Diata memory
Dmem_size B ~ 65536 words |Sn 1L desermine the data memory
address kngth—DAL
The ¥ize of Program memory
Pmem_size B~ 65536 words |Se It delerminc the program
memory address length—PAL
The size oIH:?sl port inerfacc
HPEmem_size B~ 65536 words [Sun ey B ™ o
m—-l{rhﬂ.
10 _width 14 =~ 32 bits ;1;:1_,(!}];’{:‘113& Input/Output operand width
G_width B ~ 16 bits G Guand bil kength
A_width [8~112bits  eomecy  [Re et fesh o
R-num b ~ 'R :::b: tf  accumulalor
AR-num P~ B Nen Numaber of usiliary register
Loop-num p~ B Mup Hardwarc nested koop number
The size of PC sk, h
PC_stack_size ¥ ~ 128 words Spes delermine  the overall loap
levels and branches.

10_width

The I/O bus is used to transmit data, data memory
address, program instruction, program memory address,
HPI data, HPI memory address, and IO control
signal---HPIC (16 bits). Sc the IO_width uses the
maximum value between these parameters-—Data length,
data address length (DAL), program address length
(PAL), HP! address length (HPIAL) and HPIC.
G_width, A_width:

The data-path contains two major blocks, arithmetical
logic unit (ALU) and multiplier and accumulator (MAC).
When ALU and MAC are used within a loop,
“overflow” condition shall be avoided. The guard-bit
parameter—G_width is a scheme to prevent overflow
during accumulation. The overall bit length of the




accumulator (A_width} is the sum of multiplier output
length and the guard-bit length.

R-num:

In the DSP core, we also use some RISC concepts. The
main difference between RISC processor and DSP
processor is their source of operands; the RISC processor
is register oriented (load-store processor) but the DSP
processor is memory oriented. Obviously, the register
oriented has advantages on power consumption and
flexibility. Therefore, R-num, which determines the
number of accumulator register, is also regarded as a
parameter.

AR_num:

The DSP core provides many kinds of indirect
addressing mode and the DSP needs auxiliary register to
do the operation required to generate address. The
parameter--—-AR-num can medify the auxiliary repister
numnber according to the operation requirement.
Loop_num:

The DSP core provides instructions to execute nested
loops. We use the stacks to store the nested loop
information. But the more nested loop level number, the
more the stack size needed. Thus, user can determine
Loop_num according to how many levels to be execute
in the application for optimal performance.

3.2 Special Function Blocks

We integrate some application-specific block into the
DSP core. These blocks are regarded as optional
modules and could be chosen by the user. The optional
modules we provide are listed in Table 2.

Table 2 Optional special function blocks and their
overhead

choek cyele . . ;
. Overhesd  Dverhesd*

:::::;'Htu“' :pw‘hl Process | tguee count) [Perientage)
Hamsming distance 133 035um |[174 D.35%
calcu lavor {16 bis) 025m [238 0.38%
Mulii-Lovel Slicer WZM;N - =kop(Symbol | Q.35um | 65 0.13%
{16 bits) Level} 02%m |75 D.28%
Sub-word MAC unit ™ 035um | 1,39 704
{16 biz) 0.250m | 1,669 ¥ 7%
gﬁ;‘m FIR filier with {0, M (Dual MAC)  Pepends on spec.
Advanced WS 0.35um {850 i
HerdwarcLooping 0.25um | 98B 50
Dual MAC 2 0.35om {2,438 1.98%
{Adduional Mulliplier) . 0.25um {1,337 21

* Area of whole DSP exclude memory in 0.35 um is estimeted as
49,895 gates and area in 0.25um process is estimated as 61,75] gates.

Table 2 also shows the design information of the special
functional blocks. The data of the designs were
implemented by standard cell design flow of TSMC
0.25um 2.5v and 0.35um 3.3v CMOS process. Gate
count of the whole DSP core excluding memory in 0.35
um and 0.25um are estimated as 49,895 gates (operating
at 100Mhz) and 61,751 gates (operating at 140Mhz)
respectively. The overhead are relatively small. The
special blocks are carefully integrated so that they will
not cause extra delay of the critical path in the DSP core.

4. MODULE GENERATOR &DESIGN EXAMPLE
The generation flow of the proposed parameterized DSP
core penerator has been shown in Fig 1. The
parameterized module penerator 1s developed in C

language. The design flow and its generating functions
are integrated in a graphic user interface {GUI) program.
The program can be executed in any PCs with Microsoft
Windows operation system. The module generator is
partitioned into four major parts as shown in Fig. 3: (1)
Parameter Setup, (2) Data path and special blocks
generation, {3) RAM Generation, (4) Control blocks
generation and final DSP core.

Fig. 3 Program flow of proposed DSP core generator

Althouph the user specifies the parameters and sclects
the special blocks in different steps of the user interface.
Most of the parameters are also applied to the special
blocks. The special blocks are generated along with the
data-path modules. The memories of the DSP core are
generated by a RAM compiler. The module generator
passes the required parameters and synthesis for output
script according to the process technology file to the
RAM compiler. After all the special blocks and
data-path blocks were generated, the module generator
then links all the blocks and produces the control blocks.
Finally, synthesizable RTL code of the DSP core and
seripts for the synthesis of the core are generated in text
file format under specified directory path.

4.1 Parameterized data-path design and control
scheme

In the generation of data-path blocks, special
functional blocks and control blocks for different
parameter settings, the module generator need to
consider two things: control dependency and structure
dependency.

4.1.1 Structure design of parameterized data-path and
special functional blocks:

In the generation of these blocks, we use two main
methodologies to generate the structure for optimal
performance. The first method is to describe hardware in
RTL code by proper coding style, which contains the
parameter information. These blocks are coded in
behavioural level. The generator applies the parameters
to the RTL code directly without changing the structure
among the whole range of the parameters. For exampie,
the structure of multilevel slicer is the same in all data
word length. The second method is to construct different
structures for different range of the selected parameters
for (in} optimal performance. The siructure consists of
some sub-blocks. The sub-blocks are coded by RTL




code and the parameters can be directly applied in the
whole range or certain rang like the first methed. In this
method, the structure of the blocks may different for
optimal performance in different selected parameters.
For example, the word length will change the levels of
adder tree in the accumulator, ALU and multiptier. The
barrel shifter has to balance the shift amount in two
levels if the word length changes. The sub-blocks of
RTL code are organized by the generator written in C
language and then the generator will export 2 RTL code
to fit for certain parameter configuration.

4.1.2 Control schemes:

Different structures may need different arrangement
of control signals. We have to coltlect design parameters
in the configurations and to generate the control signals
in RTL cede according to different structures.

For éxample, the register number of accumulation
registers can range from 2 to 8. It needs different kinds
- of decoder for the register units. In the mean time, the
existence of dual MAC path determines the number of
output signals that will be fetched from the accumulation
registers.

Another example is the data rearrangement in the
input of sub-word multiplier. The data arrangement
needs a much more complicated generator umit to keep
the data in correct alignment. Different configuration
needs different control signal. All these modifications
have to reflect.in final generated RTL blocks. This issue
is handled by C sub-routine in the parameterized
generation flow.

4.2 Examples

In the following, we will show some design examples
and applications of the parameterized design flow. All
the design examples are generated by the proposed
module generator and then are synthesized by synthesis
tool. The standard cell library used is in TSMC 0.25um
CMOS process.

Table 3 Area and timing of Smgle.fSub -word MAC

66 . : 3232
. SmgHSub-wrdMﬁ.C - '} Single/Sub- <word MAC
Ares | (gale ] 70007 B669 J6405 { 20203
count}
[ Timing {ni) 3.557 361 4007412

The results in Table 3 are timing and area performance
of two specific MAC of 16*16 to 40 and 32*32 to 72.
The area of 32*32 is about 2.5 times larger than the area
of 16*16. The delay time of 32*32 design is not
increased much as compared to 16*16 design because
the generator optimizes the architecture for better
performance and area trade-off.

Table 4 shows the DSP core generated by different
parameters. The most important parameter of the DSP
core is data length, It will affect every data-path blocks
of the DSP core. So we use the generator to generate
three cases—-DSP_8& (8 bits), DSP_16 (16 bits) and
DSP_32 (32 bit), The three cases are different only in
data length (Data_length) and guard bit (G_width). The
other conditions are the same as shown in Table 4. Also,
the pate count percentage of every major blocks are also
shown in Table 4. As you can see, as the data word

length is increased, the gate count of the DSP is
increased and the maximum operation frequency is
decreased. Moreover, the percentage of the data path to
the DSP core increases from 25% to 58% when the data
word length increases from 8 to 32. This example shows
that the penerator has the capability to optimize the
structure for better performance.

Table 4 Comparison of different design cases in §, 16, 32
bits data word length

DSP_3 |DSP 16 |DSP_32
MAC Dual MAC
Slecer Mo
Hamming disiance Mo
Advenced Mesied koop Vet
Indirect addncssing modes Circular mode and Bit reversal meode
Dedicale FER [iher o
Perfonmance
Aren {pmc counly 48374 3107 92449
Clock rate{Max clock m MHz} 194 170 153
Fowes (mw@100MHz) 595 o0 1360
Data-paih units
MAC 1% 17% 3%
ALU % % B%
Shifier 1% 1% Ky
A laticn regsicr 10% 15% 16%
Memory related & othet units .
PAGU 35% %_11‘ 16%
DAGL 13% % %
ion decod % 2% 1%
Others 15% 23% Hra
5. CONCLUSION

The structure of NCU_DSP core is parameterized which
can easily meet the requirement as demanded. Various
methods of saving power have been proposed for use in
the design of DSP core. These methods include bus
segmentation, data access reduction, program memory
access reduction, Gray code addressing and pipeline
register reduction. The special functional blocks of this
DSP core can achieve improved performance and
flexibility with minimum area overhead. In this paper,
we had proposed a parameterized module generator
which can generate a NCU_DSP core by user specified
parameters. It provides the designer to reduce the
turn-around-time in the applications. The generator has
capability to optimize the data-path structure among
different parameters.
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ABSTRACT

A module generator, which can automate the process of
designing high-speed low-complexity mulhistage multirate
decimator / interpolator, is presented. The generator exploit
architectoral symmetries in linear phase filters and
multistage multirate  interpolated FIR  filter design
methodology for low complexity. In addition, the polyphase
representation is used to decompose the filter into subfilters.
The resulting filters utilize canonic signed digit (CSD)
multipliers, a transposed direct form structure, and
carry-save addition for high speed. A filter design example
with TSMC 0.25pm standard cell for 64-QAM baseband
demodulator shows that the area is reduced by 39% for
low-complexity applications. Moreover, for high-speed
application, the chip can operate at 714MHz. Finally, a
designed decimator which is used in the CDMA cellular
shows that the area is reduced by 70% as compared with
conventional approach,

I. INTRODUCTION

The applications of digital FIR filter and up / down sampling
(DSP) techniques are found everywhere in modern
electronic products. For every electronic product, lower
circuit complexity is always an important design target since
it reduces the cost. In this paper, a general-purpose
multiplierless multirate decimator / interpolator module
generator, which is based on canonic signed digit (CSD}
code representation and multistage multirate interpolated
FIR (IFIR) filter design methodology [1], are proposed.
Several design methodelogies were adopted to reduce the
hardware complexity at architectural level. Therefore, by
using this module generator, an efficient design of a digital
FIR filier / decimator / interpolator can successfully
completed in a few minutes.

The rest of this paper is organized as follows. In Section 2,
the design flow of the module generator and several
hardware reduction methods are presented. Some
experimental results of the decimator and the interpolator
design examples synthesized with our module generator are
then shown in Section 3. Finally, some conclusions will be
given in Section 4.

II. MODULE GENERATOR IMPLEMENTATION
The system configuration and dataflow of the module
generator are shown in Fig. 1. The module generator
consists of many subprograms. The main subprograms are
the multistage architecture analysis and synthesis, the
coefficient optimization, the word length estimation and the
synthesizable Vertlog code generation. All programs are
written in C++ language.

Module Generator

Systemn

Specification Multistage Architecture

Analysis / Synthesis
Coefficient Qptimization
. 5
Word Length Estimation

T T B S

Synthesizable Verilog
Code Generation

Tl e R T T e -

DT e e e PR

Fig. I Design flow of the module generator,

Table 1 Input data of system specification.

Filter Type {LP, HP, BF, BS, Decimator, Interpolator)
Normalized Passband and Stopband Edge Frequencies wp , &g

Passband Ripple in Magnitude or dB bp/ Ap
Stopband Attenuation in Magnitude or B b5/ Ag
Input and/or Output Diata Word Length (bit) Wi/ Won

Signal to Noise Ratio (dB) SNR
Up Conversion Ratio {for Interpolator) L
Down Conversion Ratio (for Decimator) M

In this system, the input is the system-level specification,
which listed in Table 1. Moreover, user can also directly
input the coefficient of the filter.

A, Multistage Architecture Analysis

In many applications, it is usually necessary to design a
decimator / interpolator with a large decimation /
interpolation ratio. Although this can be done by designing a
filter directty and using the polyphase structure to save the
arithmetic operations, it is more efficient to design in
multiple stages, and the IFIR technique [1] is still applicable.
The choice of the number of stages K and the sampling rate
conversion ratio M / L is not a trivial problem. However, in
practice, the number of stages K is rarely larger than four.
Furthermore, take decimator as an example, for a given value
of M, there are only a limited set of possible integer factors.
Thus, a feasible approach is to determine all the possible
factors of M. We use multistage IFIR itechnique and follow
the relanonship of the sampling rate conversion ratio
{SRCR):

MizM2z .. = Mk

to decompose the decimator into all the possible multistage
sets, For a K-stage decimator, the filter specification for
each stage to ensure that the overall filter requirements are
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met are shown in Fig. 2, where the passband ripple is 8/K,
and the stopband ripple is 8s.
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Fig. 2 Specifications of multistage IFIR filter design.

Moreover, the polyphase decomposition [3] is used to
decompose the filter into subfilters. In order to take both
high-speed and low-speed applications into consideration,
the transposed direct form structure is chosen. However, the
decomposition of the linear phase filter into M subfilters will
usually result in nonlinear phase subfilters. Therefore, when
the SRCR is even, the filter with odd tap length N can be
redesigned to be N+1 to have two more number of linear
phase subfilters to reduce the hardware complexity [4].

B. Coefficient Optimization

In this subprogram, we integrate the MATLAB engine into
our module generator. The floating-point filter coefficient set
is calculated by the generalized Reméz method as given in
the MATLAR gremez.m function.

Numerous search algorithms for the design of multiplierless
filters with canonic signed digit (CSD) or signed
powers-of-two (SPT) coefficients have been proposed.
However, they did not explore the possibility of further
reduction of nonzero digits by taking the filter order as a
variable parameter. In general, the tap length of a filter will
be increased when only the passband ripple is decreased or
the stopband attenuation is increased without changing the
frequency specifications, Thus, we can allow more margins
for coefficient quantization errer by increasing the filter tap
length. Besides, an observation shows that one can start with
a filier, which exceeds the given criteria that may involve
acceptable level of increase in the filter order, but with much
lesser total nonzero digits than the initial design, Therefore,
we adopt a two-step search methodology to first exploit the
filter order and then use a two-step local search algorithm
proposed by Samueli [5] 1o search for a optimal coefficients
of a filter with CSD codes.

C. Word Length Estimation

In digital signal processing, the finite word length has a
strong effect on the system performance since it dominates
the precision of the cutput signals. The increment of intermal
word length will lead to a better signal-to-noise ratio (SNR),
but it will also increase the hardware complexity, consume

decrease the
inlemal word lenpth |,

¢-

set the
internal word length [~
withowt truncation

SNR evaluation

the minimam i
intemal word length f
is obtained i "

Fig. 3 Tntermal word length reduction flowchart.
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word length
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Fig. 4 SNR eva]ﬁaﬁa;\i;.tio:.:hléj‘

more power, and slow down the system operation frequency.
Therefore, it is a trade-off that the designer should be take
care. In this subprogram, the SNR is defined as

o TEbe)] . | Ebem)
SNR = lolog[g%}] = 'm"g[ E{y(m)- ) ]

The internal word length reduction flowchart and SNR
evaluation block are shown in Fig. 3 and Fig. 4 respectively.
The initial internal word length will be evaluated for the
result that does not introduce any error first. Then the
internal word length will be decreased to the value that its
SNR value still fits the specification. Finally, the minimum
internal word length, which fulfills the specification, will be
obtained.

D. Synthesizable Verilog Code Generation

a. Multirate Decimator / Interpolator

Considering a decimator shown in Fig. 5(a), the lowpass
filter H{z) will be a narrow band case as the decimation ratio
M becomes large. The IFIR technique can be used to reduce
the hardware complexity of H(z). If we carefully design the
interpolation factor L of the periodic model filter G(z") to be
M), as shown in Fig. 5(b), the structure of the decimator can
be reconstructed into Fig. 5(c} from noble identity. By this
structure, the decimator is divided into two sections, and
both of them can be implemented by polyphase
representation with less filter coefficients resulting from
image suppressor 1(z) and model filter G{z), as shown in Fig.
5(d). In addition, the interpolator can be designed in the
sarme way, as shown in Fig. 6.
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Fig. 5 Multistage IFIR decimator design.
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Fig. 6 Multistage IFIR interpolator design.

Both decimator and interpolator can have two structures in
direct form or transposed direct form. For high-speed
application, transposed direct form is selected. For the
transposed direct form of decimators, the registers will be
shared between the subfilters, as shown in Fig. 7 for the
example of M=3, N=9. This is the so-called memory-saving
technique. The transposed direct form of interpolators allow
multipliers to be shared between the subfilter in each mirror
symmetric pair, as shown in Fig. 8 This is the so-called
mirror symmetric filter pairs technigue.

- ~, : ‘_.-' -
N=9, M=3 | Cv { T ;»Lz—j-»:\ T F»[ CaLa r yin

ferge)+ =1y

Fig. 7 Transposed direct form decimator with memory
-saving technique.
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Fig. 8 Transposed direct form interpolator with mirror
symmetric filter pairs.

b. FIR filter

The module generator generates three types of the symmetric
transposed direct form for each stage FIR filters. Structure A:
The transposed direct form filter structure is adopted and
written in behavior level synthesizable Verilog-HDL code,
which allows the synthesis tool to select the appropriate
architecture for user’s constraints, Structure B (Fig. 9(a)):
The transposed direct form filter structure utilizes with camry
save adders (CSA). Structure C (Fig. 9(b}): We exploit
structure B with pipelining to achieve at most two CSA delay
critical path for the maximum allowed number of SPT terms
per coefficient is three.

Fig. 9 Transposed direct form fiiter strcture utilizes with (a)
carry save adders (CSA) and, (b) carry save adders
{CSA) with pipelining.

ITII. DESIGN EXAMPLE
A lincar-phase low-pass FIR filter is designed using our
proposed method, the mixed integer linear programming
{(MILP) algorithm [6], and Samueli’s local search atgorithm
[5]. The pass-band and stop-band edge frequencies are 0.3n
and 0.5%, respectively. The normalized peak ripple (NPR)
Snra=-50dB. The word length of the input signal is assumed
to be 14 bits. The minimum number of SPT terms required
by the various methods mentioned above is summarized in
Table 2, When the maximum allowed number of SPT terms
per ceefficient is limited to four, the filter designed by our
methods saves 22%(21%~24%) SPT terms and costs
5%(4%~7%) additional tap length. If the application requires
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us fo limit the maximwm number of SPT terms per
coefficient to three, for a higher throughput rate, the filter
designed using Samueli’s algorithm failed to reach -50 dB
NPR. However, using our proposed method can save 16%
SPT terms and costs 4% additional tap length.

Table 2 Minimum number of SPT terms required to attain

-50dB NPR.
Alporithm | #SPT [ N
Max. SPT per coefl, =4
MILP [6] 68 28
Samueli [5] 66 28
Cur Work #1 59 29
Our Work #2 52 30
Max. SPT per cocff. = 3
MILP [6] 68 | 28
Samueli [3] cannot reach -50 dB
CQur Work #3 57 | 29

A filter design example for 64-QAM basecband demodulator
is given [7]. The chip is deigned with TSMC 0.25um process
and shows that the arca is reduced by 39% for
low-complexity applications. Moreover, for high-speed
application, the chip can operate at 714MHz. The synthesis
results are summarized in Table 3. The area is measured in
equivalents of 2-input NAND gates.

The designed multirate decimators, which specification is
the first version of the CDMA cellular proposed by
Qualcomme [8] are swmmarized in Table 4. The frequency
responses of the conventional decimator that is single-stage
decimator using the polyphase structure to save the
arithretic  operations and the multistage multirate
decimators designed by our proposed method as shown in
Fig. 10. When the timing constraint of the conventional

decimator and the multistage multirate decimators are equals,

the area of the multistage multirate decimator is reduced by
70% as compared with conventional decimator. If use same
specification to design the multistage multirate interpolator
that can also saves 70% hardware complexity as compared
with conventional decimator.

V. CONCLUSION

We have implemented a module generator for multiplierless
multistage multirate decimator / interpolator. In the
architecture design, the module generator uses IFIR
{multistage) to reduce the tap number of the filter. Then,
multirate and potyphase methods are used to decompose the
filter and down / up sampling block into subfilters with
different operation rate to save power dissipation and further
reduce the hardware complexity. In each subfilters, have also
shown that the local search algorithm together with changing
filter order can further reduce the number of total nonzero
digits. All the analysis, design process and trade-off
considerations are coded in the module generator to
automate the process. Finally, synthesizable Verilog-HDL
code of the design is generated. Design examples show that it
can complete the design in a few minutes and have area
reduction of about 70% as compared with design using
conventional design method.
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Fig. 10 The frequency responses of the conventional FIR
and multirate IFTR filters.

Table 3 Synthesis results of the example for 64-QAM
baseband demodulator.

- Work#1 Waork#2 [7]
Technology(um) 0.25 0.25 0.25
Max. Operating Frecuency 714 MHz I46 MHz | 72 MHz
Total Gate Count 11117 5158 8477
Combination Area 5011 2496 5938
Noncombination Ares 6106 2659 2539

Work#1 Specifications under high-speed constraint,
Work#2 Specifications under low-complexity constraint.

Table 4 The comparison with the conventional decimator
and the multirate decimator [8].(Decimation Ratio, M=8)

Conventional

Multirate Decimator

Technology: TSMC 0.25um Decimatar with two-stape
input Frequency: 200 MHz (M=8) Stapc#] Stage#l
: (Mi=4) | (Ma=2)
Total Gate Count 13742 1580 2554
Combination Area 12567 1162 1762
Noncombination Area 1174 418 761

Fechnology: TSMC 0.25um

Multirate Decimator with three-stage

\ Staged] Staper2 Stage#

Input Frequency: 200 MHz Mi=2) (M2=2) (M3=2)
Teodal Gate Count 638 808 2417
Combination Area 336 496 1706
Noncombination Arca 301 312 710
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Convolution Based RF Tranceiver Testing Methodology

Hung-kai Chen and Chauchin Su
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Abstract

To derive and implement a methodology to
test and debug IF and RF modules using the IF
signal generated and received at the mixed signal
modules. Low IF test signal is generated by DAC
from DSP module and fed to the IF/RF module at
transmitting end. At the receiving end, the response
waveform is captured by the ADC and transported
to DSP for analysis. By this method, the test cost is
minimal because the AD/DA converters and DSP
modules are built in already. There is no external RF
ATE needed.

1. Introduction

After years of development, wireless
communication has become essential for telephony
and data communication. In mobile communication,
there are many different standards and systems in
use simultaneously, such as GSM, DECT, PHS,
GPRS, WCDMA, and CDMA2000. In data
communication, Bluetooth and 802.11 are
competing for market acceptance. Therefore, RF
circuit design and applications are wide and
extensive. Furthermore, in wired communication,
fiber and high speed copper wired serial links are all
fall in RF frequency range. Due to its high added
value, design houses, foundry, and system houses
are focus on this sector of semiconductor industry in
order to make high profit margin. However, the
testing of RF circuits and systems are not well
developed as design and manufacturing.

Traditionally, RF circuit and system test are
achieved in two ways. The first one 1s to use
specialized instrument to send and receive high
quality RF signals to determine the circuit
parameters and go-no-go of the circuits. The
disadvantage is the cost overhead. The instrument in
RF range is not only expensive but also very
difficult to operate and maintain. It seems that it is
difficult to meet the requirement of low cost mobile
phone handset or wireless local area network. The
second type uses the loop back mechanism for the
test. The digital data is sent by the transmitter and
received and recovered by the receivers. It checks
the bit-error rate (BER) of the received data to
determine the function of the CUT. It has the

properties opposite to the first method. The test
equipment cost is low. But, the test time is very
long.

2. RF Test Methodology

We would like to propose an RF test
methodology which takes the advantage of the RF
system architectures nowadays. We utile the built-in
analog/digital (AD/DA) converters and digital
signal processors (DSP) as the test resources for the
test.

2.1 RF Test Architecture

The DSP is responsible for sending digital IF
signal to the DAC. Then DAC coverts the discrete
signal into analog signal. After that, it is up
converted into RF band by the RF transmitter
module. The RF receiver module receives the RF
signal and down converts it into IF band. The ADC
converts it into digital form. Finally, the DSP
collects the received digital signal and use DSP
techniques to extract the circuit parameters. The
DSP techniques will be based on the “intrinsic
response extraction”. The simple architecture of
wireless system is shown in Figure 1.
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Figure 1. Wireless RF/IF and mixed signal circuit
2.2 RF Test Method

We use convolution technique to develop our
method. When convolution in time domain,

¥(t) = x(t)*h(t)
It takes multiplication in frequency domain
Y(s) = X(s) H(s)

H(s) =Y(s) / X{s)




H{s)gp = Y (5)ap - X(8)aw (Jog scale)

The RF block in wireless transmission system
is shown in Figure 2. Use build-in DAC in the
transmitter to generate x(t), and receive y(t) by ADC
in the receiver. Then use FFT to convert time
domain signal, x(t) and y(t), to frequency domain,
X(s)} and Y(s). Finally we can easily find system
transfer function H(s) = Y{(s) / X(s).

IF Qut
-
Y{s)

IF In
= X(s)

Figure 2. RF block in wireless transmission system
3. Emulation and Measurement Results

To verify the proposed methodology, use EDA
Tools to simulate and measurement by bench
equipment like a waveform generator and a
spectrum analyzer,

3.1 Filter Simulation and Measurement
We have use discrete components to build a

simple 1% order filter environment. The circuit
diagram is as the one shown in Figure 3.
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Figure 3.1"-order filter, H(s)

Use EDA-tool to simulate this filter, the
simulation result is shown in Figure 4,

BT T e T T S v aa v
Fia penie}
Figure 4. 1*-order filter simulation result

Generate the input signal x(t) by using Agilent

33250A Function / Arbitrary Waveform Generator.
The test signal is sinc function which bandwidth is
500 kHz and center frequency is 5.45 MHz. Then
feed test signal to the emulation circuit, 1%-order
filter. Finally, measure input Signal, X(s}, and
filter output, Y(s), by signal analyzer The
measurement result is shown in Figure §.
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Figure 5. Measurement result

Use Matlab to calculate H(s) = Y(s) - X(s),

H(s) is system response shown in Figure 6.
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Figure 6. Transfer function of filter

Also take measurement by HP Network

Analyzer. Compare two methods in spectrum,
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Figure 7. Comparison with Network Analyzer

The difference between our method and a

network analyzer measurement result is small. It is
reduce the cost of network analyzer and extra time
for calibrate the instrument.




3.2 RF Front-end Simulation

This section we build whole RF front-end
system from the DAC generates IF a signal to the
ADC recerves IF signals. And use Agilent ADS tool
to simulate our circuits. The schematic is shown in
Figure 8. The voltage source, V,,, generate desire IF
signals and through a filter, a up-converter mixer,
and a power amplifier to the channel. Then RF
signal fed in a low noise amplifier, a down-convert
mixer, and a filter to the IF output, V., The
simulation for ideal components is shown in Figure
9. It cans analysis results at each node.

LREELG

Figure 9. Ideal RF Front-End simulation results
With compare V;, and V., can determinate
which component and which specification has errors
or degrade. The ideal mixer spectrum is shown in
Figure 10 and the mixer with 1 dBm third
interception point shown in Fagure 11,

Sy Ao LIS

Figure 10. Ideal Mixer Figure 11. IP3=1 dBm

4. Conclusions

In this paper, we focus on the IF and RF
testing. Low IF test signal is generated by DAC
from DSP module and fed to the IF/RF module at
transmitting end. At the receiving end, the response
waveform is captured by the ADC and transported
to DSP for analysis. The DSP is used as the engine
for test generation and response analysis digitally.

To derive and implement a methodology to
test and debug IF and RF modules using the IF
signal generated and received at the mixed signal
modules. The sinusoidal single tone or multi-tone
signal in conjunction with Fourier transform can be
used to test amplifiers, mixers, and oscillators.
While, sinc function based test waveforms can he
used to test filters effectively.

By this method, the test cost is minimal
because the AD/DA converters and DSP modules
are built in already. There is no external RF ATE
needed.
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ABSTRACT

To derive and implement a methodology to test and
debug IF and RF modules using the IF signal generated
and received at the mixed signal modules. Low IF test
signal is generated by DAC from DSP module and fed to
the IF/RF module at transmitting end. At the receiving
end, the response waveform is captured by the ADC and
transported to DSP for analysis. By this method, the test
cost is minimal because the AD/DA converters and DSP
modules are built in already. There is no external RF ATE
needed.

1. INTRODUCTION

After vears of development, wireless communication
has become essential for telephony and data
communication. In mobile communication, there are many
different standards and systems in use simultaneously,
such as GSM, DECT, PHS, GPRS, WCDMA, and
CDMA2000. In data communication, Bluetooth and
802.11 are competing for market acceptance. Therefore,
RF circuit design and applications are wide and extensive,
Furthermaore, in wired communication, fiber and high
speed copper wired serial links are all fall in RF frequency
range. Due to its high added wvalue, design houses,
foundry, and system houses are focus on this sector of
semiconductor industry in order to make high profit
margin. However, the testing of RF circuits and systems
are not well developed as design and manufacturing.

Traditionally, RF circuit and system test are achieved
in two ways. The first one is to use specialized instrument
to send and receive high quality RF signals to determine

the circuit parameters [3, 4, 5] and go-no-go of the circuits.

The disadvantage is the cost overhead. The instrument in
RF range is not only expensive but also very difficult to
operate and maintain. It seems that it is difficult to meet
the requirement of low cost mobile phone handset or
wireless local area network, The second type uses the loop
back mechanism [1, 2] for the test. The digital data is sent
by the transmitter and received and recovered by the
receivers. It checks the bit-error rate (BER) of the
received data to determine the function of the CUT. It has

the properties opposite to the first method. The test
equipment cost is low. But, the test time is very long..

2. RF TEST METHODOLOGY

We would like to propose an RF test methodology
which takes the advantage of the RF system architectures
nowadays. We utile the buili-in analog/digital (AD/DA)
converters and digital signal processors (DSP) as the test
resources for the test.

2.1 RF Test Architectare

The DSP is responsible for sending digital IF signal
to the DAC. Then DAC coverts the discrete signal into
analog signal. After that, it is up converted into RF band
by the RF transmitter module. The RF receiver module
receives the RF signal and down converts it into IF band.
The ADC converts it into digital form. Finally, the DSP
collects the received digital signal and use DSP
techniques to extract the circuit parameters. The DSP
techniques will be based on the “intrinsic response
extraction™. The simple architecture of wireless system is

shown in Figure 1.
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Figure 1. Wireless RE/IF and mixed signal circuit

2.2 RF Test Method

We use convolution technique (o develop our method.
When convolution in time domain,

¥(t) = x(t)*h(1)

1t takes multiplication in frequency domain




Y(s) = X(s) H{s}
H({s} = Y{(5) / X{(s)
H(5}gp = ¥ (8}av - X(8)a» (log scale)

The RF block in wireless transmission sysiem is
shown in Figure 2.

IF Out
> Y(s)

IF In
4— X(s)

Lisueranr

Use build-in DAC in the transmitter t0 generate x(t),
and receive y(t) by ADC in the receiver, Then use FFT to
convert time domain signal, x(t} and ¥(t), to frequency
domnain, X(s) and Y(s). Finally we can easily find system
teansfer function H(s) = Y(s) / X{(s).

There are many king signals can be used in our
testing method. The single tone sinusoidal waveform is
easy to test some frequency response. The two tones test
can test harmonics and intermodulation distortion. The
sinc function is a band limited signal. It has a flat
spectrum in some band, However, the power density of
sinc waveform is too small, so we can use multitone
signal to test our circuits more efficiency.

3. EMULATION AND MEASUREMENT RESULTS

To verify the proposed methodology, use EDA Tools
to simulate and measurement by bench equipment like a
waveform generator and a spectrum analyzer.

3.1 Filter Simulation and Measurement

We have use discrete corponents to build a simple 1¥
order filter environment. The circuit diagram is as the one
shown in Figure 3.
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Figure 3.1*-order filter, H(s)

Use EDA-tool to simulate this filter, the simulation
result is shown in Figure 4.
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Figure 4. 1*-order filter simulation result

Generate the input signal x(t) by using Agilent
33250A Function / Arbitrary Waveform Generator. The
test signal is sinc function which bandwidth is 500 kHz
and center frequency is 5.45 MHz. Then feed test signal to
the emulation circuit, 1™-order filter. Finally, measure
input Signal, X(s), and filter output, Y(s), by signal
analyzer. The measurement result is shown in Figure 5.
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Figure 5. Measurement result

Use Matlab to calculate H(s) = Y(s) — X(s), H(s) is
system response shown in Figure 6.
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Also take measurement by the HP Network Analyzer.
And compare two methods in the frequency domain
shown in Figure 7.
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Figure 7. Comparison with a Network Analyzer

The difference between our method and a network
analyzer measurement result is small. It is reduce the cost
of a network analyzer and extra time for calibrate the
instrument.

3.2 RF Frent-end Simulation

This section we build whole RF front-end system
from the DAC generates IF a signal to the ADC receives
IF signals. And use Agilent ADS tool to simulate our
circuits. The schematic is shown in Figure 8. The voltage
source, Vi, generate desire IF signals and through a filter,
a up-converter mixer, and a power amplifier to the
channel. Then RF signal fed in a low noise amplifier, a
down-convert mixer, and a filter to the IF output, V.
The simulation for ideal components is shown in Figure 9.
It cans analysis results at each node.
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Figure 9. Ideal RF Front-End simulation results

With compare Vi, and V., can determinate which
component and which specification has errors or degrade.
The ideal mixer spectrum is shown in Figure 10 and the
mixer with 1 dBm third interception point shown in
Figure 11.

" o test and comparc cach other.

e T k), GHe

Figure 10. Ideal Mixer Figure 11. 1P3=1 dBm

There are two or more amplifiers in the RF front-end.
In transmiiter end, the power amplifier is key component
to amplify signal to antenna. In receiver end, the small
signal is amplified by low noise amplifier. The noise
figure and gain is the important specifications for
amplifier.

In order to correlate our methodology, build the ideal
system, behavior model, and real model, circuit model.
There are two power amplifiers, an ideal one and non-
ideal model shown in Figure 12. Can use this architecture

Figure 12, Build an ideal model vs. real circuits

Generate testing signal by two methods. One is AC
sweep by EDA Tools, another is sinc function generated
by voltage source in transient analysis then convert to
frequency domain. The schematic of testing a power
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Figure 13. The schematic of testing a power amplifier
Test some specifications of a non-ideal power
amplifier in a wireless LAN transceiver. First, penerate
the sinc function with 8 MHz bandwidth and up-converter
to 2.462 GHz by using an ideal mixer. Second, measure
the output of the power amplifier. Finally, calculate the




gain of power amplifier by subtracting the output from the
input.
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Figure 14. The gain of a power amplifier

I
2.466

Compare with the simulation result of frequency
sweep in an EDA Tool is shown in Figure 14, The error
between two methods is very small which is about 0.06
dB. It is caused by precision of numerical transformation.

Also can generate multitone signals to test circuits is
shown in Figure 15, Generate the large number of tones at
the corner frequency or some interested frequency, And in
flat band, it is not necessary to generate many tones. This
way can increase the power efficiency and gain the larger
signal to noise ratio.
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Figure 15, The multitone test of a power amplifier

4. CONCLUSIONS

In this paper, we focus on the IF and RF testing. Low
IF test signal is generated by DAC from DSP module and
fed to the IF/RF module at transmitting end. At the
receiving end, the response waveform is captured by the
ADC and transported to DSP for analysis. The DSP is
used as the engine for test generation and response
analysis digitally.

To derive and implement a methodology to test and
debug IF and RF modules using the IF signal generated
and received at the mixed signal modules. The sinusoidal
single tone eor multi-lone signal in comjunction with
Fourier transform can be used to test amplifiers, mixers,
and oscillators. While, sinc function based test waveforms
can be used to test filters effectively.

By this method, the test cost is minimal because the
AD/DA converters and DSP modules are built in zlready.
There is no external RF ATE needed.
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Fair Scheduling with QoS Support in Ad Hoc
Wireless Networks

Hsi-Lu Chao, Student Member, IEEE, and Wanjiun Liao, Member, IEEE

Abstract—In this paper, we study fair scheduling with Quality
of Service (QoS) support for wireless ad hoc networks. two types
of flows are considered: best effort and guaranteed flows. The
goal is to satisfy the minimum bandwidth requirements of
guaranteed flows and to provide fair share of residual bandwidth
to all flows. We compare two types of mechanisms:
timestamp-based and credit-based mechanisms, and evaluate the
feasibility of all existing timestamp-based and credit-hased fair
scheduling schemes for multimedia wireless multihop networks.
We suggest a flow weight calculation scheme for existing
timestamp-based mechanisms to support both best-effort and
guaranteed flows, and propose a credit-based mechanism called
Credit-based Slot Allocation Protocol (CSAP). For comparison
purposes, several metrics are defined to evaluate the
performances of these two kinds of mechanisms. The simulation
results show that CSAP ouiperforms the other approaches in
terms of meeting the minimum requirements of guaranteed flows,
fairly sharing the residual bandwidth among all flaws, and
improving overall system throughput.

Index Terms—Qo8, fair scheduling, ad hoc networks

I. INTRODUCTION

An ad hoc network is a self-organizing wireless network
comprised only of mobile nodes without the support of
any pre-existing wired infrastructure. In such a network, each
node plays both roles of a terminal and a router. Due to the fully
distributed characteristic of the network, collisions may occur
and the system throughput may be low without proper
coordination among the transmitting nodes.

Providing Quality of Service (QoS) in ad hoc networks is a
new area of research. Existing work focuses mainly on QoS
routing [1,2], which finds a path to meet the desired service
levels of flows. This paper studies a different QoS issue in
multihop, multimedia wireless networks. We consider a mix of
guaranteed and best-effort flows and investigate fair scheduling
with QoS support for the network. The goal is to guarantee the
minimum bandwidth requirements of guaranteed flows, and
ensure fair share of residual bandwidth to all flows. In the
following, we first define “fairness” in the context of ad hoc
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networks, and then examine related issues of fair scheduling
with QoS support for multimedia ad hoc networks.

A. Fairness

Faimness is an important criterion of resource sharing in the
best-effort Internet, especially when there is competition for
their share due to unsatisfied demands [3)]. Fairness is defined
as Tollows [4,5,6]. Each flow, say £, is allowed to share a certain
percentage of link capacity based on its flow weight indicated
as wy. Let W{#,.1;} denote the aggregate resource received by
flow fin the time interval [#.f;]. The allocation is called ideal
fair if (1) is satisfied for all intervals [7,,£;) in which both flows
and g are backlogged.

|Wf {t,.2;) _ W, (¢, rf2)|

Wy We

=0 (1)

Scheduling is an effective way to ensure fair sharing of
resource among flows [7]. It determines the service order of
packets according to such metrics as packet timestamp, delay
bound, and cumulative credit. Of these metrics, timestamp is
the most common one used by existing scheduling schemes
[8,9,10,11]. For these timestamp-based scheduling protocols,
the system maintains a virtual time as in [4]. Each packet is
associated with two timestamps, i.e., start tag and finish 1ag,

based on the system-defined virtnal time. Let S} and
F denote the start tag and the finish tag for the 7™ packet of
flow 7, respectively.

51 =max{ dlpi)] 77} j21

X R £ : (2
Fl=8i+L j21
Wy

7
where pj;, I} and A(p}':) are the /™ packet of flow [, the
length of p7, and the arrival time of P} . respectively.

v Af pj )] denotes the virtual arrival time of pj.

The main objective of existing fair scheduling approaches is
to ensure E, defined in (3), as close 10 zero as possible. The
closer E is to zero, the fairer the approach.

Wf(f.h’z)_wg("::’:)l (3)
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B. Design Issues of Fair Scheduling in Ad Hoc Networks

Due to the characteristics of wireless ad hoc networks, three
challenges must be addressed when a fair scheduling protocol
is designed [9].

1) Location-dependent contention. Wircless transmission is
broadcast locally to the network. Uncoordinated simultaneous
transmissions may result in packet collisions. Those flows that
mcur packet collisions when transmitted simultaneously are
called “contending flows.” For example, in Fig. 1, there are nine
nodes (denoted M1, N2, ..., N9) and four flows {denated F1, F2,
F3, F4). The line connecting two nodes indicates each is within
the same transmission range of the other. Flows F1 and F2
cannot be transmitted simultaneously, or a collision occurs at
N2, Node N4 is interfered by flow F3, because node N4 is also
within the transmission range of node N7. Likewise, nodes N3
and N3 are interfered by flow F4,

2) Spatial channel reuse: Multiple flows can be transmitted
simultanecusly without collisions if these flows do not interfere
with each other. This is called “spatial channel reuse.” For
example, flows F2 and F3 in Fig. |1 can be transmitted
simultaneously. Spatial channel reuse is an important technique
to improve system throughpui. A good design of fair
scheduling should provide a simple and cost-effective way of
finding the maximum number of flows that can be transmitted
simultaneously.

3) Conflict between global fairness and maximal channel
utilization for wireless systems: Existing work on fair
scheduling for ad hoc networks focuses on global fairness,
because they assume all flows are in a single cluster. Typically,
a maximum window size is defined to restrict the maximum
bandwidth each flow can use in a time interval. In reality,
wireless networks, such as IEEE 802.11 and Bluetooth, are
cluster-based and make use of channel reuse to maximize
system throughput. A good mechanism should balance the
trade-off between faimess and maximum channel reuse when
fair scheduling is provided.

C. Related Work

1) Fair Scheduling in Ad Hoc Networks: Most existing
works for fair scheduling in ad hoc networks are
timestamp-based [8,9,10]. For timestamp-based protocols, each
newly arrived packet is assigned two timestamps, i.e., start and
finish tags, based on (2). In [10}, both tags are used to calculate
a backoff value. The backoff value determines when the packet
will be sent. It works as follows. Tao send a packet, a2 node
monitors the channel until it is free. The node then caleulates a
backoff value based on the two tags assigned to the packet, and
decrements the backoff timer by one at each time slot until it
reaches zero. If the node with a zero timer finds the channel is
free, the packet is transmitted. Nodes with zero-timer packets
do not coordinate before the packets are transmitted. Thus,
collisions may occur.

In [8,9], a flow graph must first be generated. Each vertex in
the flow graph represents a flow. When two flows contend for
resource, an edge is added between them. Depending on the
scheduling discipline, one of the two tags is chosen as the

Figure 1. Contending flows

service tag. The packet with the smallest service tag is sent first.
The mechanisms in [8] and [9] differ in how they achieve
spatial channel reuse. In [8], the graph coloring theory is used
to mark the contending flows of a channel with different colors.
The flows with the same color can be transmitted
simultaneously. In [9], each packet of a flow is associated with
a backofT value. This backoff value is equal to the number of
flows contending for a channel but with smaller service tags.
Once this backoff value reaches zero, the packet is transmitted.

The timestamp-based algorithms suffer two problems. One is
the need to sort all packets in the queue in ascending order of
their service tags. The other is that the virtual clock cannot be
reinitialized with zero unless the system is empty [6].

In [12], a credit-based fair scheduling algorithm is proposed
for ad hoc networks. Each flow simply maintains a counter to
record the transmission credit, instead of using two tags as in
timestamp-based mechanisms. The basic scheduling concept is
“the less excess in usage value, the higher the transmission
priority.” This approach makes use of clustering to implement
spatial channel reuse.

2} Fair Scheduling with Qo5 Support : The mechanisms in [8]
and [9] are two major timestamp-based solutions to provide fair
scheduling for best effort flows in ad hoc networks. Toextend a
timestamp-based mechanism to support QoS, an intuitive
approach is to assign each flow with a different flow weight
according to the respective service requirement. The higher the
priority, the larger the flow weight. However, both mechanisms
in [8] and [9] do not describe how flow weights are assigned. In
the following, we extend [9] to enable QoS support by a
distributed flow weight assignment scheme, and call the
enhanced version of [9] as Q_ EMLM-FQ in the rest of the
paper.

The Bottleneck Considered Fair Scheduling (BCFS)
mechanism [11] is extended from [8]. It assumes that a flow
weight assignment scheme is given, and introduces a new
parameter called “contending power” to provide QoS service
on top of the fair scheduling mechanism described in [8].

The mechanism in [12] is a credit-based mechanism for fair
scheduling in ad hoc networks. In Sec. II, we extend [12] to
provide QoS, and call the enhanced version of [12] as CSAP in
the rest of the paper. We then compare the performance of
BCFS, @ EMLM-FQ, and CSAP via simulation, and discuss
the pros and cons of these three approaches.

al Q_EMLM-FQ: Suppose that each QoS flow will specify
its minimum bandwidth requiremnent to ensure certain quality.




For a flow, say f, passing through node N, the flow weight w,

is defined as
1-%,epResy; , (4)

Num
where Resvpand Num are the minimum bandwidth requirement
of flow fand the total number of flows passing through node N,
respectively; B is the set of backlogged flows. If flow fis a best
effort flow, its Resvy value is zero. As such, guaranteed flows
are assured to have flow weights larger than best-effort flows.
Consequently, the service tags of guaranteed flows increase
more slowly than best-effort ones, allowing their service
requirements to be satisfied.

b} BCFS: To support QoS service, a new parameter called
“contending power” is defined in [11] for each flow as the
scheduling metric. The contending power of a flow, say f, is
defined as follows. For each fully-connected graph in which the
flow is involved, the flow weights of all the flows are first
summarized. The contending power of flow f{denated as P(7))
is equal to the maximum over the summation of the flow
weights in each graph, say Gj involved by flow 7 ie,

P(f)= max{

¥Gr

W= Re.wf-r

T wy }, where f; denotes a flow in graph Gr.
Vfiely

Fig. 2 illustrates how the contending power of a flow is
calculated. Each vertex indicates a flow, (Fx, y) denotes the
flow ID and its predefined flow weight, respectively. F1 is
involved in two fully connected subgraphs, ie., (F1, F2, F3)
and (F1, F4, FS), Thus, F1 contends with F2 and F3, and also
with F4 and F5. The total flow weights of these two subgraphs
are 2+2+3=7 and 2+4+4=10, respectively. Therefore, the
contending power of F1 is equal to max {7,10}=10.

The scheduling rules of fair scheduling with QoS support in
[11] are described as follows,
® The flow with the highest contending power has the priority
to transmit packets.
» Ifthere are multiple flows with the same contending power,
the one with the least service tag has the priority to transrnit.
# BCFS adopts the same graph-coloring approach as {8} to
implement spatial channel reuse. Each vertex is marked a
different color from its direct neighbors. The set of flows in the
same color can be transmitted simultaneously. The set of flows
which has the maximum number of flows in the same color is
chosen 1o transmit simultaneously with the flow selected based
on rules (1) or (2).
s If there are several sets with the same maximum number of
flows which can be transmitted simultaneously, the set with the
highest aggregate contending power will be selected.
e BCFS sets a parameter called “scheduling window” to avoid
starving flows which have low contending powers. A flow
must stop transmission temporarily when a “scheduling
window” worth of packets has been transmitted in a
pre-defined time interval. In other words, based on a sliding
window, of size ), BCFS zallows a flow to send up to 1 packets
in a pre-defined time interval.

BCFS suffers from the following problems:

& Flow weight assignment: as in [9], BCFS assigns each flow
a positive integer as the flow weight, which indicates how the

(F2,3) (F3,2) 71,3

1,6} 1(1,6)
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Figure 3. An illusurative example for BCFS

{F4,4) (F5,4)

Figure 2. An example of
contending power

flow shares the resource. For example, if flows 0, 1, and 2 are
assigned flow weights of 2, 3, and 1, respectively, the
proportion of resource used by these three flows is 2:3:L
However, there is no word in [11] to mention how flow weights
are assigned and leamed, and to discuss the impact of different
flow weight assignments on the performance of BCFS.

® The impact of flow topology: In BCFS, the contending
power of each flow is calculated for scheduling. The flow with
the highest contending power has the priority to fransmit.
However, a flow with a higher contending power does not
imply a higher flow weight. Recall that the flow weight is used
to indicate how the flow shares system resource. The higher the
flow weight, the more time slots the flow can use, For BCFS,
the contending power of a flow is determined based on its
neighbors in the flow graph. Both the node degree and neighbor
flows' weights affect the contending power of the flow. In
addition, the spatial reuse mechanism adopted may further
reverse the service priority. As a result, a flow with a lower
weight may be altocated more slots than one with a higher flow
weight. Fig. 3 shows an example to explain why the
performance of BCFS is affected by flow topology. Each
vertex represents a flow. Let x, vy, and z in x(y, 2) dencte the
flow ID, flow weight, and contending power, respectively. In
this example, flow 5 has both the highest flow weight and the
highest contending power. Thus, it has the highest priority to
transmit packets, However, flow 4, which has the second
Targest flow weight, may not have the second highest priority to
transmit packets. The reason is as follows. Considering spatial
channel reuse, flow 3 can be transmitted simultaneously with
some other flows. For example, it can be transmitted with flows
1, 6, and 7, or with flows 1 and 4. Flow 5 will choose the first
set {i.e., flows 1, 6, 7) because the first set has more flows {i.e.,
1, 6, and 7} to be transmitted simultaneously. As a result, flow 4
may be allocated fewer slots than flows 1 or 7, even though
flow 4 has a higher weight than either flows. The example
gbove shows that the flow topology significanily affects the
performance of BCFS. In [11], however, there is no discussion
about this issue.

® A centralized scheduling mechanism: In {11], a globally
centralized coordinator is assumed available to schedule packet
transmissions, but there is no description of how such
centralized mechanism is implemented in a fully distributed ad
hoc network.




D. Problem Specification for CSAP

In this paper, we propose a new mechanism called the
credit-based slot allocation protocol {CSAP), which provides
fair scheduling with QoS support for multimedia ad hoc
networks. We consider a mix of best effort packets and
guaranteed flows, and use “bandwidth™ as the QoS metric due
1o its importance for real-time applications. In [6], bandwidth
requirement in time-slotted network is measured in terms of
fraction of a time slot per unit time, where unit time is a time
slot. As in [6], we use a fraction of one slot time to denote the
bandwidth requirement of each guaranteed flow.

The objectives of CSAP are described as follows;

1} Avoid collisions cauvsed by simultaneous, uncoordinated
transmissions, thus improving system throughput.

2} Maximize spatial channel reuse, thus maximizing global
bandwidth utilization.

3) Guarantee minimum bandwidth for guaranteed flows, and
provide fair share of residual bandwidth among all flows (i.e.,
both best effort and guaranteed flows), Let 7 and F, denote the
sets of besteffort and guaranteed flows in a cluster,
respectively. The objective of CSAP is to make £y and £, in (5)
and (6} as close to zero as possible. Both flows i and j are in £,
and have minimum bandwidth requirements »; and r;,
respectively. Flow £ is in Fy. W{t,1:), W{in.t:), and Wi(1,.8)
denote the aggregate resource received by flows 4, 7, and £,
respectively, in the time interval [7),5]. ;1) is the cumulated
credit of flow 7 in [f,1;]. Si{t).2:)} and Sq¢,.r;) are the residual
bandwidth shared by flows § and f in [¢,,£;], respectively.
= Wi("!-fz)'sf(‘rlfz}_ , (IJ'IZ)—SJ(’P’Z) (5)
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The rest of this paper is organized as follows, Section 11

describes the credit-bascd slot allocation protocol for fair

scheduling with QoS8 support. Section III shows the simulation
results. Finally, the conclusion is drawn in Section IV.

I1. CREDIT-BASED SLOT ALLOCATION PROTOCOL (CSAFP)

This section describes the proposed credit-based slot
allocation protocol (CSAP) in detail. The characteristics of
CSAP are described as follows.

{13 A two-tier hierarchy is used to avoid uncoordinated
transmissions.

{2) A cluster-based mechanism is used to maximize spatial
channel reuse.

(3) A credit-based mechanism is used to provide QoS service
for guaranteed flows while ensuring fair scheduling,

Note that our mechanism works with different residual
bandwidth allocation schemes, including fair scheduling for
best effort flows only, for 2 mix of best effort and guaranteed
flows, or for a mix of flows but with an upper limit on the
resource share for guaranteed flows. In this paper, we just
demonstrate the second case, i.e., for a mix of flows without an
upper bound on each flow.

A, Assumptions

1) Wireless media may exhibit time-varying errors, which
affect network users in a number of ways, such as fading,
interference, link errors, and collisions. In this paper, we only
consider the errors caused by collisions.

2) We consider packet-switched multihop wireless networks,
but do not consider host mobility as in all related work in ad boc
networks [8,9,11,12].

3} We assume a TDMA-based system on a single channel
shared by all hoests. To avoid collisions, CDMA can be overlaid
on the top of the TDMA system. We assume a code assignment
algorithmn is running in the lower layer of our system as in [1].

4} There are always some flows backlogged.

B.  Service Registration

1) Cluster-based Mechanism: CSAP is a cluster-based
mechanism, The network is logically partitioned into clusters.
Each cluster has exactly one scheduler. Clusters may be
overlapped, each with a designated code to avoid interferences.
CSAP can cooperate with any existing clustering algorithm
{e.g., [13,14]) to form clusters. For example, a cluster could be
formed as follows. Each mobile node periodically broadcasts
beacons to nodes located within its transmission range. Based
on the received beacons, mobile nodes leam of their neighbors
and related information, such as node ID, node stability, etc.,
for operation. According to the selected criterion, one node is
elected as the scheduler per cluster. Each scheduler periodically
advertises itself to its neighbors, from which newly arriving
mobile nodes learn where to register. Those nodes that can hear
the same scheduler form a logical cluster. Each node can hear
several schedulers, but can only be registered with one
scheduler at a time.

2) Table Structure: CSAP defines two scheduling tables.

a) Node Allocation Table (NAT): maintained by the
scheduler; each entry of the NAT is for a (node, service type)
pair and is of six fields: 2 node ID, a service type, a Resv, 2
Credit, a Usage, and an Excess. For a guaranteed service entry,
the value in the Resv field indicates the total reservation level
required to serve all guaranteed flows for the corresponding
node. For a best effort entry, the Resv value represents the total
number of best effort flows scheduled by the node.

&) Flow Allocation Table (FAT): maintained by the node;
each entry of the FAT is for a flow and is of seven fields: a flow
ID, a scheduler ID, a service type, a Resv, a Credit, a Usage, and
an Excess.

3) Path Construction: before a transmisston starts, the sender
of the flow must first determine a flow path, irrespective of
whether it is a best effort or guaranteed (i.e., QoS) flow. Best




effort flows do not place any resource requirement on the nodes
along the path. However, for a QoS flow, each node along the
path should provide resource for the flow to meet its minimum
requirement. CSAP can be easily integrated with any of the
existing work on ad hoc routing for path construction (e.g.,
[1,2,15]). For best effort flows, ad hoc routing is used, for
guaranteed flows, QoS routing is required. Below we just
simply describe an existing path construction mechanism, and
will use it as an example to illustrate how CSAP works in the
rest of the paper.

To construct a path, a sender broadcasts an RREQ message
to its neighbors. Each node receiving this RREQ will execute
the service registration phase described in the next section. If
the registration fails, this RREQ message will be discarded.
Duplicated RREQ messages are discarded when received.
When an RREQ message reaches the destination, the
destination will send an RREP message in reply along the
reverse path back to the sender, Unlike the RREQ message, the
RREP message is delivered via unicast. Upon receiving &n
RREP message at a node, the reservation is confirmed. This
process continues until the RREP message reaches the sender,
when the path construction phase terminates.

4) Service Registration: Upan receipt of an RREQ message,
a node checks if the following condition holds, namely, the
summation of the total reserved usage {denoted as Resv) of all
flows scheduled by the node, including the newly arriving one,
is less than or equal to the target link utilization. If the condition
holds, the node further sends a resource Allocation ReQuest
(ARQ) to its scheduler to check if the condition holds at the
scheduler as well. If the condition fails to hold at the node or the
scheduler, the request is denied and the RREQ packet is
discarded; otherwise, the request is tentatively accepted. The
scheduler creates a temporary entry for the node in the NAT,
and responds to the node with a temporary acceptance. The
node in turn creates a temporary entry for the flow in the FAT,
and then rebroadcasts this RREQ to its neighbors. Note that
temporary entries in the scheduling table (i.e., in both FAT and
NAT) are not involved in the scheduling process.

Once the corresponding RREP message is received, the node
will change the entry in the FAT from temporary to active, and
will inform its scheduler to make the entry in the NAT active.
Those temporary entries not confirmed by the corresponding
RREP within a predefined period of time will be cleared in the
scheduling table.

C. Two-Tier Slot Allocation

1) Scheduling Parameters: There are four parameters
defined in CSAP:

a) Resv: a fraction of one time slot, used to indicate the
minimum requirement of a flow. For a guaranteed flow, the
Resv value is a positive real number between zero and one. For
a best effort flow, its Resv value is always zero,

b) Credit. the cumulative time slots reserved for a
guaranteed flow to meet the QoS demand, or the remaining slot

quota for a best effort flow per iteration’. For the guaranteed
service type, the value of an increase at each time slot is equal
10 a Resv value. For the best effort service type, the Credit value
is initialized with the total number of best effort flows currently
scheduled by the node, and is decreased by one after a slot is
assigned. Note that for a best effort flow, the Credit field is only
valid in the NAT and is always set to zero in FAT.

¢) Usage: the cumulative time slots assigned 1o a request.
For a scheduler, it records a Usage for each node. For a node, it
records a Usage for a flow. The Usage value can be a zero or
any positive integer.

d) Excess: this value is used to determine to whom the next
time slot is assigned. The next slot is assigned to the request
with the smallest Excess value. For guaranteed-service entries,
the Excess values are equal to “Usage minus Credit,” and are
updated at each time slot. For best effort-service entries, the
Excess values are initialized with zero, and incremented by one
at each “update.” The Excess value of a best effort service entry
is only updated when the corresponding Credit value is count
down to zero. Once the Excess value has been updated, the
Credit value is reset to a Resv value, and a new iteration starts.

2) Siot Allocation: The slot allocation is based on a two-tier
mechanism. The scheduler assigns time slots based on the first
tier slot allocation mechanism. The node, say N, to whom the
time slot is assigned then in turn assigns the time slot to a flow
based on the second tier slot allocation mechanism.

Suppose that there are m and » entries in NAT and FAT,
respectively. The m2 entries in NAT can be divided into two sets:
5y and 5, which indicate guaranteed and best effort service
types, respectively. The first tier slot allocation mechanism
works as follows.

a) The scheduler assigns the next time slot to the node with
the smallest Excess value in the NAT at the decision time.
Suppose that node A is the node scheduled to send at the next
time slot. The scheduler then updates the values of Credit,
Usage, and Excess in all entrics of the NAT, as follows.

&) Increment the sage value of the entry of node A and
leave all the others intact, i.e., Usage (4) € Lsage (4} + 1,
where Excess {4) = min {Excess (x)] x=1,2,...,m}.

¢) Increase Credit by Resv for each guaranteed-service entry
in the NAT, i.e., Credit (x) € Credit {(x) + Resv (x), Vxe§ If
the time slot is assigned to a best effort service entry, the Credit
value of node 4 is decremented by one, i.e., Credit (d) € Credit
{A)-1.

d} Update the Excess values of all guaranteed-service
entries in the NAT, i.e., Excess (x) € Usage (x) — Credit (x},
¥xeS,. If the time slot is assigned to a best effort service entry,
and the Credit value of node A equals zero, the Excess value is
incremented by one and the Credir value is reset to the Resv
value, i.e., if Credit {A4) =0, Excess (A} ¢ Excess (A)+ 1, and
Credit (A) € Resv (4); the Excess values of other best effort
entries stay unchanged.

The second tier slot allocation algorithm works as follows.

! Each iteration indicates a cycle in which the slot guota is counted down
from the original value (o zero,




a) The node cannot schedule any flow transmission unless a
time slot is assigned to it. Once a time slot is assigned, the node
assigns the time slot to the flow which satisfies the following
two conditions: (i) the flow has the smallest Excess value, and
(ii) the flow’s service type matches the service type of the node
granted by the scheduler.

Suppose that flow F is scheduled to transmit at the next time
slot. The node updates the values of Credit, Usage, and Excess
in all entries of the FAT, as follows:

8} Increment the Usage value of the entry of flow F, and
leave the others intact. Usage (F) € Usage (F) + 1, where
Excess (F)=min {Excess ()| ¥ = 1,2,....n}.

¢) Update the Excess values of all entries in the FAT, i.e.,
Excess (v) € Usage (y) - Credit (), y=1,2,.. 1.

d) Credit () = Credit (y) + Resv (3}, y=1,2,.. ...

D. Global Fairness in CSAP

So far, we have described how to ensure per-cluster faimess
while providing Qo8 service to guaranteed flows. In [8,9,11],
the mechanisms focus on global fairness. That is, no matter
where the flow is, the resource usage is proportion to the flow
weight. To achieve this goal, they set a parameter called
“scheduling window” to ensure global faimess. CSAP can be
easily extended to ensure global faimess when a scheduling
window mechanism similar to that described in [8,9,11] is
implemented. The window mechanism in [8,9,11], however,
has some problem when applied directly to CSAP. For example,
the service guarantee fails if the timer expires before the time
slots for the minimum requirement of a flow are allocated.

Let ) be the scheduling window for CSAP. The scheduling
rules for global fairness in CSAP are revised as follows.

1) When a flow, say, / has sent up to 1) additional packets in a
period of time after its minimum QoS requirement has been
satisfied, the node, say, n will stop scheduling further time slots
to flow i, and will send an update message to the scheduler to
temporarily degrade its Resv level For example, node N
manages three flows F0, F1, and F2, with a Resv of (.2, 0.2,
and 0.3, respectively. All these three flows are registered with
the same scheduler 5. Suppose F1 has sent up to i) packets in a
period of time, Thus, node N will send an update message to S
to degrade its total Resv level from 0.7 to 0.5

2} For a scheduler, the rules to make scheduling decisions are
intact as described in Sec. ILC.{2).

3) When node N has been assigned the next time slot, it will
in turn assign the slot to the flow satisfying the following three
conditions: {i} the flow is not frozen to be scheduled, (i) the
flow’s service type matches the service type of the node granted
by the scheduler, and (iii) the flow has the smallest Excess
value.

After the expiry of the predefined period of time, node N
resumes the scheduling for frozen flow and informs the
scheduler to resume its original Resv level.

ITI. SIMULATION

In this section, the performance of CSAFP, Q EMLM-FQ,
and BCFS is compared by simulation, There are 20 mobile

nodes randomly distributed in a 670-by-670 area. We randomly
select nodes, some as flow senders and some as flow receivers.
Each flow may be of best effort or guaranteed. For best effort
flows, their Resv values are set to zeros, and for guaranteed
flows, the values are randomly generated between zero and one.
The packet length is fixed, and is assumed to occupy one time
slot. The time period and the window size used for the
scheduling window of the global fairmess mechanism are set to
200 time slots and 150 packets, respectively,

A. Performance Metrics

1) Share degree (§): the percentage of residual bandwidth
shared by each flow. Here the residual bandwidth means the
bandwidth left after the minimum requirements requested by all
QoS flows have been allocated. The share degree of flow F is
Usage(F), divided by total number of time slots, minus Resv(F),
Usage(F )
total slots
value between [-1,1]. The Jarger the value, the more residual
bandwidth the flow has used. A flow with a negative ¢ value
must be a2 QoS flow whose minimum bandwidth requirement is
not satisfied,

2) Satisfaction index {p). this parameter is used to indicate
how well all QoS flows are satisfied by each approach. p is
defined in a way similar to the definition of the fairness index in
[16]. The parameter x; indicates if a QoS flow has been satisfied.
If the time slot usage of a QoS flow is larger than or equal to its
minimum requirement, x=1; otherwise x; indicates the
insufficient portion. Thus
i § if oli}2 0

I .. o ., whose
Resv(i )’ o r} <0

ie, g= ~Resv(F). The share degree of a flow is

p=ii-x—i, where x; = ;

?.I‘,':]If —ax

L
e
o] is a weighting factor, and x, = £—_ The satisfaction

Zx;

index of an approach is a value between zero and one. The
larger the value, the more flows are satisfied with the desired
service.

3) Fairness index (x): this parameter indicates how fair the
residual bandwidth is shared by all flows for each approach.

o=l

The parameter is defined as x:i i i)f xt_ :
Hj khixf(_l)

where m1 is the number of clusters, n; is the number of flows in
cluster f; x indicates the share degree of flow %, and

_[oll)ir olk)z0
Xy = R s
0 i glk)<0
¥xf
x;(j) =2
x5
k=)
one. The larger the value, the fairer the residual bandwidth is

the x; wvalue of cluster j is

. Fairness index x is a value between zero and




shared among all flows, Note that this index can be used for

global fairness when s is set to one,
Usage(:‘)
4) Nerwork throughput: defined as 3 —=—%
/ & .-5; total slots
is the set of all flows in the ad hoc network. The larger the
network throughput, the more efficient the spatial channel

Teuse.

where N

A.  Simmilation Resuits

In the following, simulation results are presentaed, We first
examine the single cluster case, and then to multiple clusters.
We also demonstrate that CSAP can still ensure minimum
bandwidth requirements for QoS flows and provide global
faimess for all flows in the last simulation. Finally, we show the
impact of different clustering schemes and cluster size on the
performance of each mechanism.

1) Single Cluster

We first present the simulation results for single cluster
scenarios. The transmission range of each node is set to 670
units. In the first experiment, 5 pairs of nodes in a single cluster
are randomly selected as flow senders and receivers, and five
flows are randomly generated: two guaranteed flows and three
best effort flows. Flows 0 and 1 are guaranteed flows with a
Resv value of 0.58 and 0.02, respectively. Flows 2, 3, and 4 are
best-effort flows. Ideally, the share of the residual bandwidth
for each flow should be (1-0.58-0.02)/5=0.08.

Fig. 4{a) shows the network topology and flow distribution.
In this figure, the square node indicates the cluster scheduler,
the circles represent mobile nodes, an arrow shows the
direction of a flow, from the source to the destination, the solid
lines indicate best effort flows, and the dotted lines indicate
guaranteed flows. Fig. 4(b) shows the corresponding flow
graph as described in Sec. 1.C.{2}.(b). x and y in x(¥) means the
flow ID and the contending power of the flow, respectively.
The flow graph is a 4-degree fully connected graph, in which
each flow has four neighbors and each has the same contending
power of 5. Since each flow has the same value of contending
power, the scheduling decision made by BCFS is based on the
least service tag. Thus, it has the same result as Q_ EMLM-FQ.
Fig. 4(c) shows the flow throughput to the five flows for each
mechanism. We see that CSAP meets the minimum
requirements of all flows (see flows 1 and 2 in Fig. 4(c)), and
thus has a satisfaction index of one (Fig. 4(d)). In addition, it
has equal share of residual bandwidth among five flows, each
with a share degree of 0.08, the same as the ideal sharing (Fig.
4(e)). Thus, CSAP has a faimess index of one (Fig. 4{f}).

Both Q_EMILM-FQ and BCFS allocate resource equally to
the five flows (Fig. 4{c)), despite different types of service
requested by the flows. As a result, they do not guarantee the
minimum bandwidth requirement of the guaranteed flow (i.c.,
flow 0 in Fig. 4(c)), and has a lower satisfaction index.
Meanwhile, both Q_ EMLM-FQ and BCFS have a flow with a
negative share degree. Thus, they have a lower faimess index,
which is 0.7984.

We then randomly generate 10 guaranteed flows in a single
cluster ad hoc network. Fig. 5(a) shows the network topology,
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and Fig. 5(b) shows the flow information, The flow graph of
this experiment is, again, the same as in Fig. 5(b). Fig. 5(c)
shows the flow throughput of the 10 flows for each mechanism.
Both Q_EMLM-FQ and BCFS allocate slots relatively equally
to each flow, irrespective of whether it is a best effort or
guaranteed flow. Three guaranteed flows are not satisfied (i.e.,
flows 3, 6, 8 in Fig. 5(c)}. Thus, both have a satisfaction index
of 0.8934 (Fig. 5(d)}. In addition, they do not share the residual




bandwidth fairly (see Fig. 5(e)), and have a faimess index of
0.4314 (Fig. 5(f)). CSAP satisfies the requirements of all flows
except flow 6, and shares residual bandwidth more fairly. Thus,
it has a higher satisfaction index and a higher fairness index.

2) Multiple Cluster

We then extend the experiment from one cluster to multiple
clusters. We randomly generate a mix of best effort and
guaranteed flows, This time the network is logically partitioned
into four clusters, Flows 0, 1, 3, 6, and 7 are scheduled by node
0. Ideally, each should share a fraction
(1-0.1-0.27-0.05-0.26)/5=0.064 of the residual bandwidth.
Flows 2, 5, and § are managed by node 4, and gach should have

T 10| Aer | Kowse | Do [Sckodia]

) [T [ ] []

] D01 [ 1 ]

H [ " 17 &

3 [0 17 [H ]

o X [ 15 ] ]
- 5 o) il [ ]
) & [XE] [5 13 1
7 D0 ] 0 []

[ D.13 W ] [

° [0 W 13 ]

(a) Netwark topology

Ll

{b) Flow information

{c) Flow throughput

(7]

o ama
E e
i or
ors
3 [ A)
L
[
ass
B3

=11 q_EMLisFg BCFE

{d) Satisfaction index

E. ™
! 1
1] 1 H
ez
AM
am
4H
Faw 1D
(€} Share degree
ay
whad
urh
at
. Qa3 datin
§ na
E
o
Z
n:
(%]
n
csAr Q_EMLAFQ KFS

(f} Faimess index
Figure 5. Single cluster with guaranteed flows only

an equal share of (1-0.20-0.16)/3=0.2133. Both flows 4 and ¢
are managed by node 3, and each shares a fraction of residual
bandwidth equal to (1-0.29)%/2=0.355. Fig. 6(a) shows the
network topology, the flow distribution and the flow graph.
The detailed flow information is shown in Fig. 6{b). Figs. 6(c}
and 6(c) show the flow throughput and the share degree of each
flow. Figs. 6(d) and 6{f) show the satisfaction and faimess
indices of each approach.

Apgamn, CSAP provides the minimum bandwidth
requirements for all flows and ensures fair share for per-cluster
residual bandwidth. As a consequence, both the satisfaction
and faimess indices are equal to one. Q_EMLM-FQ, on the
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other hand, cannot always satisfy the requirements of all flows,
BCFS can meet the minimum requirements of all QoS flows,
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but fails to fairly share the residual bandwidth.

The last experiment is conducted to observe the impact of
global fairness on the performance of CSAP. Fig. 7(a) shows
the average system throughputs to compare per-cluster and
global faimess in the multi-cluster scenario shown in Fig. 6.
We see that the throughput of CSAP degrades when the global
fairness mechanism described in Sec. ILB.(5) is implemented.

Fig. 7(b} shows that CSAP with the global fairness mechanism

still ensures the minimum requirements of QoS flows and
provides global fairness to all flows in sharing the residual
bandwidth.

V. CONCLUSION
In this paper, we have proposed a credit-based mechanism

called CSAP to provide fair scheduling with QoS supports for

multimedia wireless d hoc networks. In addition, we have
proposed Q_EMILM-FQ, which introduces a distributed flow
weight calculation scheme to [9], to make it capable of QoS
support. We have also pointed out some problems of BCFS,
which is extended from [8] for QoS service.

To compare CSAP with Q_EMLM-.FQ and BCFS
quantitatively, some performance indices are defined. We have
also conducted simulations to observe the faimess and
satisfaction degrees of these three approaches. The results show
that of these three mechanisms, CSAP performs the best
because it can guarantees QoS flows with the minimum
bandwidth requirements, and share the residual bandwidth
more fairly with all flows in the ad hoc network. Both
Q_EMLM-FQ and BCFS usually allocate bandwidth equally,
despite different types of service requested by the flows. As a
result, they may not function very well,
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Abstract- In this paper, we study fair scheduling in ad hoc
networks, accounting for channel errors. Since wireless
channels are susceptible to Failures, to ensure fairness, it may
be necessary to compensate those flows with error-prone
channels. Existing compensation mechanisms need the
support of base stations and only work for one-hop wireless
channels. Therefore, they are not suitable for multihop
wireless networks. Existing fair scheduling protocols for ad
hoc networks can be classified into timestamp-based and
credit-based approaches. None of them takes channel errors
into account. In this paper, we investigate the compensation
issue of fair scheduling and propose a mechanism called
Timestamp-Based Compensation Protocol (TBCP) for
multimedia mohile ad hoc networks. We evaluate the
performance of TBCP by simulation and analyze its long-term
throughput. The results show that our analytical result
provides accurate estimation for TBCP.

Keywords- fair scheduling, compensation, ad hoc networks

1. INTRODUCTION

An ad hoc network is a self-organizing wireless
network comprised only of mobile nodes without the
support of any pre-existing wired infrastructure. According
to different decision metrics, existing work for fair
scheduling in ad hoc networks can be classified into two
categories: fimestamp based [1,2] and credit based [3]. The
timestamp mechanisms in [1] and [2] work similarly. Using
[2] as an example, each arriving packet is locally assigned
two timestamps: a start tag and a finish tag. Either
timestamp can be chosen as the service tag. The packet
with the smallest service tag will be sent first. In [3],
scheduling is based on the credit value. The unused credit
can be accumulated for future use. Each flow is associated
with three parameters: a credit, a usage, and an excess,
where excess = usage — credit. The one with the smallest
excess value has the priority to transmit.

All existing work of fair scheduling in ad hoc networks
[1-3] simply assumes channels are error-free. This
assumption, however, is unrealistic for wireless networks,
which usually suffer from high emor rates, such as
location-dependent errors or bursty errors. In this paper, we
investigate the impact of channel errors on fair scheduling
and discuss the channel compensation issue of fair
scheduling in ad hoc networks.

A Related Work on Fair Scheduling jor Wireless
Networks with Channel Evrors

Existing work proposed to achieve fairness with error
compensation for wireless networks [4-8] are all based on
the support of base stations and work for one-hop wireless
channels.

In [5], the Channel-condition Independent packet Fair
Queueing (CIF-(} is proposed. Each session maintains a
parameter called /ag to indicate if it should be compensated.
If a session is not leading and the channel is error-free at its
scheduled time, its head-of-line packet is transmitied;
otherwise, the time slot is released to other sessions. The
problem with CIF-Q is that leading sessions are not
allowed to terminate unless all their leads have been paid
back, regardless of whether such terminations are caused
by broken routes. This property makes CIF-(} an infeasible
solution for ad hoc networks, because a connection may be
broken due 10 node movements.

In [6], the Tdealized Wireless Fair-Queueing (TWFQ),
and the Wireless Packet Scheduling protocol (WPS) are
proposed. According to the weight of each session, the base
station calculates the number of slots per frame each
session can use. If a session experiences channel errors at
its scheduled time, the base station first determines if any
other sessions can exchange their slots with this session
within the same frame; otherwise, the base station will
compensate the error slots of this session in a [ater frame.
Again, this mechanism is not suitable for ad hoc networks,
due to the need of support from base stations.

In [7], 2 virwal compensation session is introduced
into the scheduling process. The virtual session is a session,
which always experiences an emor-free channe] at its
scheduled time, but it does not really generate packets. The
slots teceived by this virtual session are used for
compensation, ie., they will be reassigned to lagging
sessions. Since this mechanism only works for single-hop
wireless networks, again, it is not suitable for multihop
wireless ad hoc networks.

In [8], Bandwidth-Guaranteed Fair Scheduling with
Effective excess Bandwidth Allocation (BGFS-EBA) is
proposed. In BGFS-EBA, each flow can be a lagging,




leading, or in-synch flow as compared to its bandwidth
allocation in an error-free environment. Each flow is
associated with a parameter called deadline. Bandwidth
resource is first scheduled aceording to such deadlines, and
then further allocated based on flow status (ie., lagging,
leading, or in-synch) as in CIF-Q. Unlike other mechanisms
which allow a flow to transmit only in a good state, a flow
in BGFS-EBA is still allowed o transmit, albeit at lower
rates, when its chamonel 15 error-prone. Again, this
mechanism also needs the support of base stations.

B.  Problem Statement

In this paper, we study fair scheduling in ad hoc
networks in which channel errors are considered. In
particular, we focus on the timestamp-based fair scheduling
mechanism. In credit-based mechanisms {e.g., CSAP [3]),
unused credits can be accumulated for future use and error
compensation is naturally available. Note that we call the
mechanisms considering channel errors in their scheduling
as channel error models, and those assuming that channels
are error-free in their scheduling as error-free models. In
addition, we call the packets experiencing channel errors at
their scheduled time as channel-error packets, and the ones
without erTors as error-free packets.

There are two timestamp-based error-free mechanisms
in the literature proposed for ad hoc networks (i.e., [1,2]).
However, these two protocols only work for single-hop
flows, a special case in ad hoc networks. In the next section,
we will show how to extend these single-hop timestamp
mechanisms to serve multihop wireless networks.

The rest of this paper is organized as follows. Sec. II
describes the proposed timestamp-based protocol. Sec. III
shows the simulation results. Sec. IV provides the
long-term throughput of TBCP. Finally, the paper is
concluded in Sec. V.

1. TIMESTAMP-BASED COMPENSATION PROTOCOL (TBCP)

In this section, a timestamp-based fair scheduling
mechanism, called Timestamp-Based Compensation
Protocol {TBCP), is proposed for multihop wireless
networks, under which channel errors are considered. TCP
adopts Start-time Fair Queueing (SFQ) [9] as its scheduling
discipline and selects the start tag as its service tag.

A, System Model

We assume a TDMA-based system operates over a
single channel shared by all hosts, and the bandwidth is
represented as frames of time slots. Each frame has several
slots: some are control slots and some are data slots. A valid
route should be constructed, using whatever ad hoc routing
mechanisms, before data packets are transmitted. Note that
the spatial channel reuse mechanisms in [1,2] are still
applicable to our mechanism.

Each node periodically measures the Signal-to-Noise
Ratio (SNR) on the channel to determine the channel state.
‘When the SVR value falls below a predefined threshald, the
channel status is deemed error-prone and the node is
prevented from transmitting packets temporarily. If the SNR
value exceeds the predefined threshold again, the node is
allowed to transmit again.

B Multihop Flows

In ad hoc networks, each mobile node acts as both a
router and a host. Thus, a multihop flow can be modeled as
nultiple single-hop flows, and each node schedules the
single-hop flows passing through it independently. It is
insufficient for a node to schedule for multihop flows
relying only on the selected scheduling parameter (e.g.,
timestamp or credit values). To solve this problem, a new
parameter called -size is defined. The Q-size of a flow is
used to indicate the number of packets received from its
previons hop and waiting to be sent to the next hop. In
other words, those single-hop flows belonging to the same
multi-hop flow are correlated with the (Q-size parameter.
Therefore, among all nodes with nonzero (Q-size values, the
node with the least scheduling parameter value can use the
next time slot to transmit.

C. Normalized Flow Weight

Assume that there are »# flows passing through node N.
Let x}w denote the bandwidth share of flow i at node N
{called the flow weight of flow i at node N in this paper),
and is expressed as

- i Resvj-
N j=1

¥ = + Resv;, (1)
n

where Resv; is the minimum bandwidth requirement of
flow 7, represented as & fraction of the channel bandwidth.
Flow weight x indicates the fraction of channel
bandwidth used by flow / at node N, so as to fairly share the
residual bandwidth of node N and meet the minimum
bandwidth requirement of flow i. For example, assume that
there are three flows, say, f,, /3, and f; passing through node
N. Flows f; and f; are guaranteed flows, each with a Resv
value of 0.2; flow f; is a best effort flow. Based on (1}, the
flow weights of the three flows at node N are
(Yo xs™M=(0.4, 04, 0.2).

In TBCP, the actual bandwidth share for each flow at
node N is determined by the flows at all nodes in the
interference range (i.e., nodes located within two hops), not
just solely depending on those flow passing through node N.
Due to lack of coordination for transmissions, nodes
located in the interference range contend the channel, and
should be considered in the calculation of bandwidth share
for each flow. To reflect this fact, the normalized flow
weight of each flow is defined as follows.




Let Fy and Fy be the set of flow segments passing
through node ¥ and N', respectively, where N' is within
two-hop range of node N. Besides, let Sy be the set of node
including node N and all other nodes in its interference
range (i.e., two hops). For each flow segment £ at node ¥,
its normalized flow weight is expressed as,

N

X
£ xl
ie(FywFy ) jesSy

This normalized flow weight @’ is then used for the
calculation of service tag of flow f at node N. The number
of slots per frame that flow f can obtain at node N is the
multiplication of w’y and the number of slots per frame.
Note that since the calculations of {1) and (2) are performed
independently at each node, different single-hop flow
segments of 2 multihop flow may have different bandwidth
shares and normalized flow weights.

For example, considering two nodes, say N, and N,
are in an ad hoc network. These two nodes are within the
transmission range of each other. Let Resvf indicate the
Resv value of the #* flow at node j. The flow information of
Ny is (Resv]" ,Resvy",Resvy' )= (0.2,0.2,0), and that of
N; is (Resv,?,Resv)?, Resvi?) = (0.4,0,0). Thus the
flow weight calculated by N; and N; are (0.4,0.4,0.2} and
(0.6,0.2,0.2), respectively, and the normalized flow weights
of all flows are (mf’,mf‘,w;‘;‘,wfz,wiv’,w-fz) =
(0.2,0.2,0.1,0.3,0.1,0.1).

D. TBCP Operations
C.1 Transmission Order Determination at a Node

The transmission order of a packet is determined with
three factors: the service tag of the packet, the number of
slots per frame a flow can use, and flow’s Q-size. For
example, the numbers in Fig. 1(a) show the packets’ service
tags of three flows f7, /5, and f; at node N. Assume that each
frame is comprised of five slots, and f,.f indicates the /"
packet of flow i Besides, the number of slots per frame
each flow can use is (2,2,1). The transmission onder of

packets at node N in Fig. 1{a) is then < 1}, 1§ T fE

Note that since f| has already used two slots, the last slot
of this frame is assigned to f2 even though the service tag of
/2 is smaller than f7.

C.2 Message Exchange

Each node exchanges the information about the
transmission order of packets determined at step 1) with its
neighbors. Thus each node knows the service tags of other
nodes, and also learns when it will transmit packets. For
example, assume that there are two nodes in an ad hoc
network, and the corresponding transmission order with the
service tag is shown in Fig. 1(b). Let »/ indicates the P

slot of node i. The transmission sequence is <N, N},
Ni, N3, NP>, <N}, Ni, N}, NP, N> Note that
if multiple nodes have packets with the same service tag,
the tie will be broken based on their node IDs.
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Figure 1. An example to explain TBCP.
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C.3 Channel Evror Handling

Each node keeps monitoring its channe! state. When
the channe! is eror-prone, the node stops exchanging
transmission messages with its neighbors. Once the channel
recovers, the error-prone node resumes the exchanges.
Consequently, if this node has packets with service tags
smaller than its neighbors after recovery, these packets still
have higher priority to be transmitted. If node 2 experiences
an emor-prone state at slot 4, the modified transmission
sequence is <N{, N, N}, X, NP>, <N3, N}, M,
N, NP>

11I. SIMULATION

In this section, we provide simulation results to
evaluate the performance of the fair scheduling
mechanisms with and without considering channel errors.
The simulation environment is described as follows. 20
mobile nodes are randomly distributed in a 1000-meter by
1000-meter area. The transmission range of each node is set
to 250 meters. We randomly select nodes, some as flow
sources and some as flow destinations. Each flow may
either be a best effort or guaranteed flow and is
continuously with backlogged packets. Each packet is
assumed to occupy one time slot, and has fixed packet
length. The mobility pattern of each node follows the
modified random waypoint mode! [10].

The wireless channel is modeled as a two-state discrete
Markov chain in our simulation, as in [11]. Let p, be the
probability that the next time slot is in the good state given
that the current time slot is error-prone, and let p, be the
probability that the next time slot is error-prone given that
the current slot is in the good state. Then the steady state
probabilities P and Fr in the good and error-prone states,
respectively, are given by

— pg and PE = .pt

P;=
Pg+ Pe Pg*+Pe

In this simulation, we compare TBCP with TBP (the
error-free model of TBCP, i.e., assuming that channels are




error-free in the scheduling). Besides, we implement the
spatial channel reuse scheme as in [2]. We also show CBCP
and CSAP [4]) (denoted as CBP in this paper) in the figures
for comparison, where CBP and CBCP are the credit-based
mechanisms for channel error-free and channel error
models, respectively. CBCP differs from CBP in that when
a node detects an error-prone state at its scheduled time, the
node will inform its scheduler to stop assigning further
slets to it. The Credit value of this node at the scheduler
continues to be accumulated. Thus, once the channel has
recovered, the node has a small Excess value as compared
to other error-free nodes, which allows this node to have
priority to obtain slots. This node then in turn assigns this
slot to the flow with the least Excess value among all
nonzero Q-size flows,

The performance metrics measured in the simulation
include the network throughput, relative network
throughput, satisfaction index, and faimess index.

(1) Network throughput (p); this parameter is used to
compare the performance of each approach for both
error-free and error-prone channel models. The better
the compensation scheme, the less throughput
degradation. Network throughput is the summation of
all flows’ throughputs.,

(2) Relative network throughput (y): this parameter is
defined as

throughpu! cacrp and
thgoughput cpp

throughput pgep
theoughputrgp

for credit-based mechanism and for timestamp-based
mechanism, respectively.

(3) Satisfaction index (E): this parameter shows if
guaranteed flows are satisfied for each approach,
considering channel conditions. Thus we only count
QoS flows and define p as

(5]
mZIx,-z ’

where x; is the residual bandwidth share (i.e., flow
throughput divided by simulation time, and then
minuses the Resv value), and is set to one if the
corresponding x; is equal or larger than zero, otherwise
x; is one minuses the shortage divided by its Resv value;
m is the number of guaranteed flows.

(4) The fatrness index (x): this parameter indicates how
fair the residual bandwidth is shared by all flows for
each approach, and is defined as in [12],i.e.,

2
k)
i
ny x,-z J
i
where x; is the residual bandwidth share if x; is equal or

larger than zero, otherwise x; is zero; » is the number of
flows in an ad hoc network. Note that we do not use

the proportional fairness defined in [5,6], i.e.,
Wittrt) _Wittta)]
@, w; I ’

as the fairness index. The reason is for a multihop flow,
the single-hop flow segments may not have the
identical flow weight.

We generate five multihop flows: three guaranteed
flows and two best-effort flows. The steady state
probabilities P and Pg are 0.8 and 0.2, respectively. The
Min and Max speeds are set to be 10 meters per sec and 30
meters per scc, respectively. The network throughput of
each approach is shown in Fig. 2(a}. The satisfaction and
faimess indices of each approach are shown in Figs. 2(b)
and (c), respectively. We find that mobility causes broken
routes more frequently, thus degrades network throughput.
However, node mobility may increase the probability for a
flow to change the area in which it is located (i.e., cluster
for the credit-based schemes and interference range for
time-stamp based mechanisms). This helps improve global
faimess.

Finally, we study the impact of channel errors on the
proposed approaches. We vary the value of Pg but fix all
other parameters. The relative network throughput of each
approach is shown in Fig. 2(d). As the value of Py increases,
the relative network throughput increases. The reason is
that a larger Pg value means more good slots, leading to
more successful transmissions and higher network
throughput. The satisfaction and fairness indices of each
setting are shown in Figs. 2{e) and 2(f), respectively. Since
a large P value makes more good slots, the possibility to
satisfy QoS flows is higher. Thus, it gives a higher
satisfaction index. A large Pg value also increases the
opportunity for a node to be compensated after its channel
recovers, and thus has a higher fairness index.

v, PERFORMANCE ANALYSIS

In this section, we analyze the long-term throughput of
TBCP. We do not consider node mobility, and ignore spatial
channel reuse in this analysis. TBCP is analyzed with
two-state channel errors, which is based on the two-state
Markov chain in [10].
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Figure 2. Two-state Markov-chain error model

A.  Analysis

For each node in the ad hoc network, the average
number of error-free slots a node incurs is TxPg, where Tis
the measurement window, and P is the steady state
probability of the good state. Let Fy and Fy- indicate the
sets of flow segments passing through node N, and
segments within node N's two-hop range, respectively. For
each flow segment S passing through node N, its bandwidth

I- iResv,-

i=f

share rate is x' = Resy 7+
I n

, where r is the

number of flow segments managed by node N, Furthermore,

the normalized flow weight is
xN
wi‘r = I 5 For the multihop flow that

X
ielPy Ry djelvunt

flow segment f belongs to, its normalized flow weight is

oy =min[ &erIfEP}, where 7 is a path node and P is




flow’s corresponding path. Therefore, the corresponding

flow throughput for flow fis in (3).

TxFgxwyp

Wf“ T =PG)<C¢Jf, fEFN (3)

B.  Analptical vs. Simulation Results

- We randomly generate five flows in the simulation:
four best effort flows and one guaranteed flow. The detailed
flow and topology information is in Fig. 3(a). Let Fj

indicate the /* segment of flow 7 Using node 7 as an
example, X Fs =0.331+(1-0.331)/2=0.6653, and

xr, =(1-0.331)/2=0.3345. Besides, nodes within node 7's
two-hop ranges include nodes 6, 11, 12, 14, and 19, thus
normalized flow weight will cover Fy;, Fyy, Fr, Fa, and Fy.

Therefore, the normalized flow weight of Fp is
WE,, =(.6655/(0.6655+0.3345+1+1+1)=0.1664. Similarly,

we, =0.333. Thus wg =0.1664. Applying the same

calculation to other obtain
(&JFD VB, W, , W, s W, }1=(0.1664,0.25,0.083625,0.25,0.3

3).

nodes, we

We set Pg to be 0.8. Consequently, for the two-state
model, each flow’s estimated bandwidth share is
{0.8x0.1664, 0.8x0.25, 0.8x0.083625, 0.8x0.25, 0.8x0.33)
= (0.13312, 0.2, 0.0669, 0.2, 0.264), The comparison with
simulation result is in Fig. 3(b). We see that our analytical
maodel] provides accurate estimation for the performance of
TBCP.

. CONCLUSION

In this paper, we discuss the channel compensation
issue of fair scheduling and propose a mechanism called
TBCP for mobile multihop networks, TBCP supports
multihop flows, and performs well when node mobility is
supported. We describe the detailed operation of TBCP, and
conduct simulations to evaluate its performance. From the
simulation results, we demonstrate that TBCP satisfies QoS
flow demands and provides global faimess for best effort
flows. We also show that mobility heips break the locality
problem of both protocols for multihop flows. Finally, we
also analyze the flow throughput of TBCP, and verify the
analytical result with simulation. The results show that our
analytical results provide accurate performance estimation
for TBCP.
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Abstraci- In this paper, a new transport layer mechanism is
proposed to improve the performance of TCP in mobile
networks. The proposed mechanism is comprised of two
parts: a Loss Classifier (LC) and a Congestion Window
Extrapolator (CWE). Based on LC, the cause of packet loss
during roaming is determined. If the loss is considered to be
caused by congestion in the wireline, the congestion window
is halved; ctherwise, the packet is considered to be lost in the
last hop, the wireless portion, and the sender adjusts the size
of the congestion window based on CWE. We conduct
simulations to evaluate the performance of the proposed
mechanism. The results show that our mechanism
significantly improves TCP performance as compared to
existing solutions for mobile networks.

Keywords- wireless TCP, mobile networks
1. INTRODUCTION

TCP is a transport layer protocel providing reliable
and ordered data service in the Internet. While TCP
performs well in wired networks, when used in mobile
wireless networks, TCP performance may degrade due to
high bit error rates on the wireless link or temporary
disconnections caused by handoffs, Much research effort
has been expended to enable wireless or mobile TCP.
Existing work on this subject can be classified into two
categories: (1) approaches based on base station
assistance, such as I-TCP [1], MTCP [2], Snoop [3],
M-TCP [4]), and WTCP [5], and (2) end-to-end
approaches, such as Fast retransmission [6], Explicit Bad
State Notification [7], and Freeze TCP [8].

In this paper, we focus on the performance problem
with temporary disconnections caused by handoffs, and
propose an end-to-end mechanism to improve the
performance of TCP for roaming users in mobile
networks. Such discomnections may further result in the
following problems: (1) data loss during the handoff
period, and (2) throughput degradation due to handoffs.
To solve these problems, the proposed mechanism is
comprised of two parts: a Loss Classifier (LC) and a
Congestion Window Extrapolator (CWE). The LC targets
the first issue and determines the reason of a packet loss
during the handoff period; the CWE focuses on the second
issue and improves the throughput of the connection after
handoffs. Note that most of the existing work focuses on
the enhancement of TCP performance over wireless

networks at the receiver side, i.e., the operation is
performed at the receiver side. In this paper, we discuss
this problem from the perspective of the sender.

The rest of the paper is organized as follows. Sec. 11
describes the proposed mechanism. Sec. III shows the
simulation results. Finally, the paper is concluded in Sec.
Iv. '

II. PROPOSED MECHANISM

In this section, the proposed mechanism, comprised
of a Loss Classifier {LC) and a Congestion Window
Extrapolator (CWE)}, is described. Our mechanism is
implemented at the mobile sender only. The receiver still
runs TCP Reneo.

A, Loss Classifier (LC)

The Loss Classifier is used to determine why packets
are not received after handoffs. The loss of a packet
during a handoff may be caused by congestion in the
wireline, or by handoffs, or by transmission errors on the
channel, In LC, transmission errors on the channels are
treated in the same way as errors due to network
congestion. In both cases, the congestion window of the
TCP sender is shrunk to half of that of the normal TCP
operation.

To determine the cause of a packet loss, two loss
probabilities are calculated: Py and Pe. Py is the
probability that a loss is caused by the handoff, and P¢, the
loss is due to congestion. If P > Py, the mechanism
regards the loss due to congestion, and the normal
congestion control mechanism is initiated; otherwise, the
loss is due to handoffs, and the sender can continue
sending unsent packets in the usable window size based
on the Cengestion Window Extrapolator (CWE) which
will be described later,

We briefly describe how Py and Pg are calculated.
When a timeout occurs, a period called Possible ACK
returning Period (PARP) is calculated according to egs. (1)
and {2).

the beginning time of the PARP
= Transmit_time + SRTT - RTTVAR (1)
the end time of the PARP
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= Transmit_time + SRTT + RTTVAR (2)

Here SRTT means smoothed RTT and RTTVAR
means RTT variation. Fig. 1 illustrates PARP, which is
the period from Tpy, to Tpe. Note that after a handoff, there
is a short period called the ambiguous period (e.g.,
IXSRTT). During this period, the reason of packet Josses
is ambiguous.

To determine Py, the sender checks if the PARP of a
lost packet is within the handoff period. If the PARP falls
before Thonaofr finishs Ph 1S Set to Max (1.e. 100%). If the
PARP is completely beyond the handoff period, Py is set
to Min (i.e. 0%). If the PARP is in the ambiguous period,
Py is calculated as
- T himidogf _ finiste ~ TP,,

P
" Tp -Tp

P¢ is calculated based on the congestion history a,
which is the ratio of RTT to SRTT (i.e. RTT = «SRTT)}.
Whenever segment losses are detected, excluding the
losses occurring in the ambiguous period, the congestion
RTT _value
————, and

SRTT

Q=W X, + (1- W, )x X sample * where w, is the

history, a, is calculated as g, =

weighting factor, e.g. 0.2. The RTT_value is set to an
RTO value if the reason of segment loss is retransmission
timeout; gtherwise, the RTT_value is set to the “last
available™ sampled RTT,

If RTT is less than SRTT, Pc is set to Min (i.e. 0%); if
RTT is greater than aSRTT, Pg is set to Max (i.e. 100%).
Otherwise, Pc will be given by

RIT

C = AxSRIT

B.  Congestion Window Extrapolator (CWE)

The Congestion Window Extrapolator is used to
determine how the congestion window changes after a
handoff. If no packet is lost due to congestion and the
sender has an empty usable window in the ambiguous
period, the window size increagses by the amount which
should have occurred during the handoff. The detailed
operation of CWE is described in Table 1. Here an
acknowledgement  imterval ¥, is calculated as
Toetju1 =Wy X T, +(1-w,}x T, where w, is the
weighting factor, 0<w, <1,

if { (Thandofi_finish — ¥ handoff_suan) = €5timated _RTT )
Tincrease_interval = estimated_RTT ;

else
Tincreas:_im:rval = Thandoff_finish — T handof¥_start ;

for ( i= 0; 1< (Iﬂt)( Tincreas:_ir:l:r\ral ! Tack ); i++}{
ifi cwnd_ < ssthresh_ ) /* slow start %/
cwnd_+=1;
else /* congestion avoidance ™/
cewnd +=1/cwnd ; 1}

Table 1. CWE

III. PERFORMANCE EVALUATION

In this section, we describe the simulations conducted
to evaluate the performance of the proposed mechanism
in a wireless network. The simulation environment is
shown in Fig. 2. There are » routers between a base station
(BS) and a wired receiver. The delay on each wired link is
50 ms. The proposed mechanism is implemented at the
mobile sender, and the receiver runs TCP Reno. The
mobile sender moves between BS1 and BS2 every 20
seconds. The data rates of the wireless links to BS1 and
BS2 are set to B,; and B,a, respectively. The wireless
delay D, is variable. There is an FTP connection between
the TCP sender and the receiver. The FTP connection lasts
for the duration of the simulation. The value of each
parameter is listed as follows: #=3, B,,;= 10Mhps, B.;=
10Mbps, and D, = 100 ms. The simulation results are




TCP Receiver

Figure 2. Simulation environment

generated using simulation tool ns-2. We compare the
following mechanisms in the simulation: TCP Reno and
Fast Retransmit with Freeze timer.

In Fig. 3, the proposed mechanism is compared with
TCP Reno. Fig. 3 (a) plots the congestion windows of the
proposed mechanism and TCP Reno as a function of time.
The curves of Reno and the proposed mechanism are
plotted after a handoft (at simulation time 206 sec). The
curve marked “no-handoff” is only for comparison,
showing the congestion window of a Reno connection
when no handoff occurs. The proposed mechanism
performs as if the handoff has never accurred, while Reno
degrades when a handoff occurs. We then compare the
throughputs of the proposed mechanism and TCP Reno.
To better see the performance improvement of the
proposed mechanism over TCP Reno, we define the
performance “gain” as

Throughput ~Throughput . rcp

propared  TCP
Throughpwty,., rep

*100%

Gain=

and plot the gain curve of each component over TCP Reno
with different handoff periods in Fig. 3 (b). The one with
diamonds corresponds to LC only (the middle one), the
curve with rectangles is based on CWE only (the bottom
one), and the curve with triangles accounts for both (the
top one), We see that LC is more important than CWE in
the proposed mechanistn in terms of the throughput
improvement for mobile TCP connections. The three
curves of performance gaing all exceed one, indicating
that our mechanism outperforms TCP Reno.

Fig. 4 shows the hit ratio of LC, i.e., the percentage
of “right guess” for packet losses by LC. Here 7, ,
indicates the duration in which the wireless channel is in
the bad state in every 10 sec. When it 1s in the bad state,
the wireless delay is set to twice the original delay of the
link. The figure depicts that LC gives the right

classification of packet losses over 95% of the time on the
average. The wrong “guess” of packet losses being
classified as congestion is mainly due to our treating
transmission errors on the links in the same way as
congestions in LC. Fig. 5 compares the performance of
three mechanisms, including TCP Reno, the proposed
mechanism, and a TCP variant having both freeze timer
and fast-transmit mechanism. Since Freeze TCP and
existing work focus on the receiver side, we implement
the combined mechanism of Freeze TCP [8] with Fast
Transmit [6] at the sender and compare it with our
mechanism. The curve with squares corresponds to the
proposed mechanism, the one with dizmonds is the
combined freeze timer and fast transmit, and the one with
triangles is TCP Reno. Again, varying the handoff period
from 0 to 3 sec, we see that our mechanism outperforms
both TCP Reno and Fast Retransmit with Freeze Timer.

I'V. CONCLUDING REMARKS

In this paper, we have proposed an end-to-end
mechanism which improves the performance of TCP for
roaming users in mobile networks, The proposed
mechanism is comprised of a Loss Classifier (LC) and 2
Congestion Window Extrapolator (CWE). LC determines
why packets are not received after handoffs, and CWE
determines how to adjust the congestion window after
handoffs. We have conducted simulations to evaluate the
performance of our mechanism. The results show that the
proposed mechanism significantly improves TCP
performance in mobile networks.
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Abstract This paper studies the impact of the DOCSIS MAC mechanism on the performance of TCP in Hybrid Fiber
Coax (HFC) networks. We define an asymmetry ratio for DOCSIS systems, taking into account the media access
control mechanism in the upstream direction. Based on the new asymmetry ratio, the round trip delay of sending a data
packet is derived for both one-way and two-way TCP transfers. We then verify the analytical results of the behavior of

TCP by simulation. The results show a good match between our analysis and the simulation.

Keywords: TCP, HFC, DOCSIS, CATV, asymmetry ratio

1. INTRODUCTION

This paper studies the behavior of TCP over DOCSIS-based Hybrid Fiber Coax (HFC) Networks, a
popular choice for broadband access networks. An HFC network is a tree-and-branch network. Each
branch is comprised of a downstream channel and an upstream channel. The downstream channel is a
point-to-multi-point, broadcast channel, and the upstream channel is a multipoint-to-point, shared
channel. The only transmitter on the downstream channel is the Cable Modem Termination System
(CMTS) at the Head End, and all the Cable Modems (CMs) connected to the channel are receivers. For
the upstream channel, all the CMs are transmitters and the CMTS is the only receiver. To arbitrate
random access to the upstream channel, a media access control mechanism is required. The media
access control (MAC) mechanism in HFC may follow the Data-Over-Cable Service Interface
Specifications (DOCSIS) of the Multimedia Cable Network System Partners (MCNS) [1] or IEEE
802.14 [2]. Since DOCSIS is the de facto standard in the cable industry, we will focus on DOCSIS’s

operation in this paper.

In DOCSIS, an upstream channel is modeled as frames of mini-slots. Each frame is compnised of

contention minislots and data minislots. The details of each frame are specified via control messages,




called MAP, periodically transmitted on the downstream channel by the CMTS. In a MAP, a variable
number of information elements (IEs) are specified, each of which defines a range of mini-slots to be
used. The number of IEs, and the corresponding mini-slots, varies from MAP to MAP. Typically, each
MAP contaimns a Request IE, some Data Grant 1Es, a Null [E, and some management information. The
Request IE specifies the contention mterval of the next frame; a Data Grant IE describes the
transmission nterval for a CM to transmit packets, and the Null IE terminates the assignment list. Each
MAP specifies the details of the next frame, and thus it must be received by all CMs before the next

frame staris.

Each time a CM has a packet to transmit, it requests the assignment of a Data Grant IE in a later
MAP. If it is a backlogged CM (i.e., a CM with a non-empty packet queue) and is assigned a Data Grant
IE 1n the newly received MAP, the CM piggybacks the request on an outgoing packet using the assigned
Data Grant IE in the data minislots; otherwise, the CM contends for the use of the upstream channel via
contention minislots. Each contention request occupies one mini-slot. If several CMs compete for one
mini-slot in the contention interval, all the requests are corrupted due to collision. After sending a
request, each CM waits for a Data Grant IE or a Data Pending IE in the next MAP. Once either is
received, the contention resolution is complete. Each CM can use the Data Grant IE to transmit a data
packet if assigned, or keep waiting for a Data Grant IE and send no further request if a Data Pending IE
1s received. The CM regards the contention request as lost if neither a Data Grant IE nor a Data Pending
IE is received. The CM then increases the back-off window (i.e., contention window) by a factor of two,
as long as the window size is less than the maximum back-off window. The CM randomly selects a
number within its new back-off window, pauses until the timer expires, and then repeats the contention.
This retry process continues until the maximum number of retries has been reached, at which time the

packet must be discarded.

The design issues of HFC networks have been widely studied for years. An efficient MAC layer
scheduling and allocation algorithm for the upstream channel of HFC networks is proposed in [3-6].

2




The performance of HFC networks is evaluated in [7-9]. The flow control mechanism of TCP is tuned
in [10-13] to nmprove the performance of TCP over asymmetric networks. The performance of TCP in
HFC networks is investigated in [14-17]. The impact of DOCSIS on the performance of TCP is studied

in [18-19].

Previous studies [10-13] have shown that the performance degradation of TCP operating in
asymmetric networks is due to bandwidth asymmetry of downstream and upstream channels. This
paper further investigates the degradation problem but focuses on DOCSIS-based HFC networks, an
asymmetric network which needs media access control mechamisms to arbitrate random access among
multiple hosts. We discuss the impact of the DOCSIS MAC mechanism on the performance of TCP, and
analyze the behavior of TCP operating over DOCSIS. Our analysis is based on TCP Reno, plus delayed

ACK, for congestion control.

The rest of the paper is organized as follows. Section 2 identifies the performance problem of TCP
in DOCSIS-based HFC networks and defines an asymmetry ratio fc;r DOCSIS systems. Section 3
analyzes the behavior of one-way TCP transfers over the MAC layer of DOCSIS. Section 4 analyzes
two-way TCP transfers over the DOCSIS MAC layer. Section 5 shows simulation results to verify the

analysis. Finally, concluding remarks is included in Section 6.

2. PROBLEM STATEMENT

In HFC networks, a CMTS controls multiple branches, each of which is typically comprised of one
downstream channel and one upstream channel and connects 200 to 500 CMs. Each branch works

identically but independently. Without loss of generality, we consider one branch only in the analysis.

2.1 Notations and Assumptions
To better explanation, some terms are defined in this paper.

(1) The delivery offset of a MAP (denoted as Duap) is defined as the one-way propagation delay




between the CMTS and each CM plus some extra delay, as shown in Fig. 1. This time is spent for
the CMTS to inform all CMs of the slot allocation details for the next frame. Thus, each MAP
should be sent Dyar seconds earlier before the next frame starts.

(2) Upstream user service time {denoted as T.,) is defined as the delay between sending two
consecutive packets in the upstream buffer at a CM, as shown in Fig. 1.

(3) Access delay (denoted as T,4) is defined as the time between when a packet is received by a CM and

when the CM starts sending this packet out to the channel.

Upstream Channel

- // \f"” %

Piggyback
Requests

Figure 1. The MAC mechanism of DOCSIS
The notations used in the analysis are summarized as follows.

Cs Capacity of the downstream channel, in bps

Cu Capacity of the upstream channel, in bps

Laata Data packet length, in bits

Lack ACK packet length, in bits

Bem Buffer size (i.e., backlog) at a CM, in terms of number of packets

T One-way propagation delay between the CMTS and CMs, in seconds
Nacv  Number of CMs performing TCP transfers in the downstream direction
Nuew  Number of CMs performing TCP transfers in the upstream direction
tms One mini-slot time , in seconds

Nfame  Total number of mini-slots granted in a MAP for a frame

N Number of contention mini-slots described in a MAP

Ny ack  Number of mini-slots for one ACK packet




Ny daw  Number of mini-slots for ene TCP data packet
Taa Access delay, in seconds

Tosy Upstream user service time, in seconds

Dpar  Delivery offset of a MAP, in seconds

N, ke Maximum number of pending requests received during a Dmap

We make the following assumptions:

1. We only consider TCP traffic in the analysis. The result can serve as the lower bound of the
performance when UDP and TCP traffic co-exists on the channel.

2. The propagation delay between the CMTS and all CMs are assumed the same.

3. In DOCSIS, multiple cutstanding MAPs are allowed. Here we restrict the number of outstanding
MAPs to one to simplify the analysis. Nevertheless, the analytical approach is still applicable to the
case with multiple MAPs outstanding.

4. The number of contention minislots in a DOCSIS frame, i.e., N, is a constant.

5. The contention minislots described in a MAP is assumed larger than the delivery offset of the MAP,

i.e., No ¥ tns> Dyar

2.2 The Effect of Bandwidth Asymmetry on the Performance of TCP

Asymmetric networks, such as HFC and xDSL, are networks with different channel bandwidths in
the downstream and upstream directions. The main effect of bandwidth asymmetry on the performance
of TCP is that the ACK clocking may be disrupted [10-13]. To better understand the behavior of TCP in
asymmetric networks, an asymmetry ratio & [10] is defined as follows.

_ forward channel bandwidth y ACK packet length _ C_d . Lok

k = .
reverse channel bandwidth  data packetlength C, L.

N

The physical meaning of this ratio is explained as follows. TCP behaves normally when £ is less
than or equal to one. When this ratio exceeds one, the network is asymmetric. Operating TCP over an

asymmetric network makes ACK packets arrive at the bottleneck link in the reverse direction at a rate




faster than the bottleneck link can support, and leads to two consequences. First, the time spacing
between consecutive ACKs received by the sender is larger than the symmetric case. As a result, the
sender clocks out data at a slower rate, and slows down the growth of the congestion window. This in
turn degrades the throughput in the downstream direction. Second, the buffer in the reverse bottleneck
link is filled up with ACK packets rapidly. A full buffer may cause serious ACK drops. This may lead to
a bursty sender because one ACK may acknowledge several TCP data packets in an unpredictable way.
In addition, fewer ACK packets received may slow down the growth of the sender’s congestion window

because TCP increases its congestion window by counting the number of ACKs received.

2.3 The Asymmetry Ratio for DOCSIS Systems

To examine theradcquacy of the expression & in (1) to describe the behavior of TCP over
DOCSIS-based HFC networks, we estimate the performance of TCP using the parameters in Table 1.
The bandwidths of the downstream and upstream channels are set to 26.97 Mbps and 2.56 Mbps,
respectively. Considering the delayed ACK policy of TCP Reno (i.e., sending one ACK packet to

acknowledge the receipt of d data packets), the expression of £ is modified as % = Cq  Lock 1 Using
u data

the packet lengths of ACK = 64 bytes and Data = 1024 bytes, and 4 = 2, we obtain

k=287 8o x L =033, Since k< 1, this network should be symmetric for TCP, i.e., TCP is supposed to

behave normally.

We then verify the behavior of TCP in such a network by simulation using ns-2 {18), again based on
the parameters listed in Table 1. We observe the influence of different number of downloading CMs (i.e.,
Nacm) on the aggregate downstream throughput and the backlog in the upstream buffer (which buffers
ACK packets) at the CM. Fig. 2 plots the aggregate downstream throughput of the network, varying
Nacwm from 1 to 50, and Fig. 3 shows the respective buffer size {(i.e., backlog). Interestingly, we find that
when Ngacym is small (e.g., less than 13 in this example), the network behaves like an asymmetric

network, i.e., low downstream throughput and full upstream ACK queues. However, as Ngcm becomes




large (e.g., exceeds 13 in this example), TCP starts behaving normally. This implies that the network
experiences bandwidth asymmetry (i.e., the asymmetry ratio 1s greater than one) when Nycum 15 small,
and the performance degrades in this region. However, according to the estimation based on & in (1), the
network should be symmetric. Thus, we learn that while & in (1) captures well the behavior of TCP in
point-to-point asymmetric links, it cannot adequately explain the behavior of TCP operating over
DOCSIS-based HFC networks, an asymmetric network which needs a media access control mechanism
to arbitrate random access among end hosts. To better capture the abnormal behavior of TCP over
DOCSIS-based HFC networks, we need to consider the mini-slot reservation-based random access in

the upstream direction of DOCSIS systems.
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Figure 2, Throughput vs. no. of TCP transfers  Figure 3. Backlog at the CM vs. no. of TCP transfers

We revise the asymmetry ratio &£ in (1) as # in (2) for DOCSIS networks, considering the MAC

layer operation of DOCSIS.

C,xT,_

= 2
dx L. %N cr @

7

This new ratio is obtained as follows. Considering the upstream channel in HFC networks being a

TDMA-like channel, LS—C" in (1) 1s replaced with T, where Ty, is the duration that a CM should wait

o

for its scheduled time. For downstream transmissions, Ci_in (1) is shared by all simultaneous TCP
data

—C¢_ Wealso consider the delayed ACK policy. Thus,

transfers, and should be replaced with
Lgota % Nacu




Cd X Tusv

we multiply 1/d by to obtain 7.

dara * N acm

In the following, the impact of the DOCSIS MAC mechanism on the performance of TCP is
studied in terms of the round trip delay (RTT) of each TCP transfer. This RTT in tumn determines the

throughput of the TCP connection in DOCSIS networks.
3. ONE-WAY TCP TRANSFER

We first examine one-way TCP transfers, i.e., all CMs download TCP traffic on the downstream
channel. Thus, all data packets go on the downstream channel and all ACK packets go on the upstream

channel.

3.1 The Effect of the DOCSIS MAC Mechanism on Bandwidth Asymmetry

In DOCSIS, the MAP for a frame shouid be received by all CMs before the frame starts. This may
cause that some requests, especially piggybacked ones, in the current frame have arrived and been
processed at the CMTS after the MAP for the next frame is sent. The late requests will be pending and
become backlogs for the next second frame. These pending requests plus new requests which arrive at
the CMTS during the next frame will be waiting to be granted in the next MAP. Each MAP can describe
at most 2048 minslots. Compared to the MAP limitation of 2048 mini-slots, the ACK packet length is
relatively small. To simplify the analysis, we assume that the mini-siot limitation of a MAP will not be
exceeded when the CMTS grants all the waiting requests. In fact, even if the limitation is exceeded, the
analytical approach is still applicable because the global ordering of data grants placed in MAPs
remains intact. Recall that contention minislots is assumed larger than the delivery offset of a MAP.
Thus, the pending requests will be granted in the next MAP, not in later MAPs. Since the packet length

of an ACK is fixed, the maximum number of pending requests, Ny, rgq, (i.€., those arriving at the CMTS

X
! N,

ms u_ack

. . .. 1
during a Dyap) in terms of number of minislots can be expressed as N, ., = {D"“P —J :

g




The value of Ty, can be calculated in two mutually exclusive, collectively exhaustive cases.

Case 1: Nagcm = 2N req
When Nacm = Np,_req, no piggybacked requests are granted in the next MAP. On the average, each

CM receives a data grant in every other frame, i.e. there are N gomrequests granted every two frames.

Thus, Tusy can be expressed as

Tu.n' =(2Nc +NdCMNu_ar:fc)tms’ (3)
where N, . =P“°" x--}—l
- u t’ﬂ.ﬁ'

Case 2: Nacm > 2ZNp req
If Nacm > 2N, req, some CMs may obtain their data grants immediately in the next frame. When

piggybacked requests arrive at the CMTS before the next MAP is sent, these requests will be scheduled
after those pending requests arriving in the current frame. These “lucky” piggybacked requests are
scheduled after the pending requests in the next frame. Those requests placed in the last Ny req data
grants of the next frame become the pending requests of the next second frame. As such, all CMs take
turn to be the “lucky” ones in each frame, and the average data grants each CM can obtain in every other

frame is more than one. Thus, Tys can be expressed as

_ lNc +(NJCM —Np_REQ)Nu_ackersNdCM 4)
w5y Ndc _NP_REQ "

Substituting (3) and (4) into (2), we can derive the asymmetry ratio # as follows:
1. Nacm = 2Np greq

Cd % (2Nc + Nu_ack NdCM )f

= 5
dxL N acur (3)

data

2. Nacw > ENp_REQ




7= C, " lNc"'(NdCM_Np_REQJNu_mem

= (6}
dxL N, “NP_REQ

data

Note that since only ACK packets are transmitted on the upstream channel, all pstream packets
have the same length. As a consequence, the number of mini-slots for each data grant (i.e., N, .x) is
fixed, and the number of pending requests (i.e., Ny req) is also a fixed value. In addition, we fix the
number of contention mini-slots (i.e., Nc). Given the values of the downstream and upstream channel
capacities and TCP packet length, the asymmetry ratio 7 varies only with the number of CMs
transferring simultaneously (i.e., Nacm). Furthermore, from (5) and (6), 77 decreases as Ngcy increases.
This implies that as the number of simultanecus transfer increases, the network asymmetry decreases,

matching the observation we have in Figs. 2 and 3. From (6), when Ngcu becomes very large, r will be

. . L 1. . , .
approximated as Ca XteNy ack - Substituting N, .. =!76ka——-—’ into this approximation, we
* Ldata B -

u rﬁl.i'
obtain # as

— Ca' % Lack ) (7)
dx Ldara Cu

7

Interestingly, # in (7) is equal to & in (1)', just as if the DOCSIS MAC mechanism has not been
taken into account. Therefore, we can conclude that when the number of simultaneous transfers
becomes very large, the effect caused by the DOCSIS MAC mechanism on TCP becomes negligible. At
this point, the value of # is determined by the asymmetry ratio of the pair of channels and the packet
size ratio of TCP and ACK packets. However, when there is only one CM performing TCP transfers in
the downstream direction, the asymmetry ratio reaches its maximum value. This maximum value of

7 may be much larger than one, rendering the bandwidths rather asymmetric.

Sd Lok 1

! Here we mean (1} with the consideration of delayed ACK ie., k= ]
Cu Ldara d
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3.2 The Effect of DOCSIS MAC Layer on TCP Round Trip Delay

We now analyze the round trip delay of a TCP packet in DOCSIS systems. To send an ACK packet,
the CM needs to send a request first and wait for a data grant allocated by the CMTS. The average round
trip time is then given by

RTT:H+%&+%&*_+TM. ®)

d u
Access delay, Taqg, of a packet is defined as the time between when the packet is received by the
CM from the upper layer and when the CM starts sending it out. The packet may experience a queueing
delay if the buffer at the CM is non-empty. Every time the CM wants to send an ACK packet, it will first
1ssue a request, Then, it will wait for the MAP that contains the data grant specifying the period of time
it is allowed to send. This needs two times more than the propagation delay between the CMTS and the
CM {i.e., one propagation delay for the request, one for the MAP, plus the processing delay at the

CMTS). Later at the scheduled time, it will send the head-of-line packet from the buffer.

The asymmetry ratio #n greatly affects the value of T4 If 7 > 1, the upstream ACK buffer will
always stay full. All requests experience long queuing delay and are sent piggybacked. If n <1, a
request will often find an empty queue, and will be sent via contention. In the following, we calculate

T.q in these two cases.

Case 1: asymmetry ratio > 1

When 7 is larger than one, the upstream buffer will build up rapidly with ACK packets and stay
full constantly. Due to the piggyback mechanism, the order of data grants placed in the consecutive
MAPs remains intact until at least one CM has no more packets to send. The distribution of the
upstream user service time for each packet will almost always remain unchanged, and each packet in the
upstream buffer experiences a delay of (Bewm X Tysy ). Thus, the access delay is expressed as

Tud =BCM xT, 7 ¢)]

sy ?

1




where Bey is the upstream buffer size (i.e., backlog) at the CM in terms of the number of ACK packets.
Substituting {9) to (8), we obtain the TCP RTT for the asymmetric case.

Case 2: asymmetry ratio 77 <1

If 7 <1, the upstream channel is not the bottleneck anymore and the upstream buffer will not stay
full. The buffer size may drop to zero rapidly, and the requests for sending ACK packets may not be
piggybacked to the CMTS. Assume that there is no collision in the contention minislot. The mean
waiting time of a request is about half a frame time. When a request arrives at the CMTS, it should wait
until the next MAP is issued, at which time the data grant will be assigned. Later the CM will receive the
MAP with its data grant assigned. It will keep waiting until its turn to send. On the average, this waiting
time is about another half a frame time. Thus, the average access delay on the upstream channel can be
approximately given by two frame time, 1.¢.,

Tad = 2N_)"rmﬂﬁ:‘rm.s. (ID)

The total number of mini-slots in a frame is determined as follows. ACK packets use only a portion

of bandwidth on the upstream channel: Lack C,. The rest of the bandwidth is used by the contention

d % Loy
% y chk
minij-slots. The average number of mini-slots used by ACK packets is then given by 1 dats
ack
™ d = Ldm‘a Cd
Thus, on the average, the total number of mini-slots in a frame is given by
Nc X ;‘L;“;}r Cd
x
Nframe = Nc + i dota (11)
C, — ok g
dxL dato
Substituting {11) to (10) and then to (8), we obtain the TCP RTT for the symmetric case.
O
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To reflect the impact of these two cases of » on RTT, the expression in (8) should be revised as
RTT =wx RIT ,+{(1-w)x RIT , (12)
where RTT, is the round trip delay calculated based on 77 >1, R77; isbasedon 7 <1, and wisa

1, 7>2
weijghting factor with w =<1 - e ,1 < n <2 . The interpretation of this setting will be described later
0, 7 <l

in the numerical example section.

4 TWO-WAY TCP TRANSFERS

This section studies two-way TCP transfers over DOCSIS-based HFC networks. With two-way
transfers, some clients download TCP traffic (i.e., do TCP transfers in the downstream direction), and
some upload TCP traffic (i.e., transfer TCP traffic in the upstream direction). Thus, both data and ACK

packets can go in either direction.
4.1 The Effects of DOCSIS MAC Layer on Bandwidth Asymmetry

Since the network has asymmetric bandwidths and different operations for both channels,
downloading CMs experience network asymmetry differently from uploading CMs. In the following,

we discuss the asymmetry ratios for clients doing TCP transfers in these two directions.

A4) Downstream TCP transfers
With two-way TCP transfers, both data and ACK packets can be transmitted on the upstream
channel. These two kinds of packets are very different in size. ACK packets are fixed and small, and

TCP data packets are variable and large. Typically, the data packet is ten times larger than the ACK

S L .
packet. Thus, the data packet transmission time, ?‘"‘“"’— , may be larger than the delivery offset of a MAP,

u

Diap. When a MAP is ended with a data grant for a long data packet, it is very likely that no pending

requests will arrive at the CMTS in the frame described by the MAP. However, in practice, data grants
13




may be ordered in a MAP rather randomly. Consequently, it is hard to accurately determine the number
of pending requests in cach frame. We can only conclude that if there are pending requests, they are

usually from ACK packets.

Moreover, both data and ACK packets can be transmitted in the downstream direction. Only a
portion of the downstream capacity is used to transmit data packets. Considering the “delayed ACK”

policy, the asymmetry ratio of downstream TCP transfers can be expressed as

n= Nacm L dota G T (13)
Nucwlack  d%Lgyy Nacy
NacasLaasa + i
) . L . .
The first term in (13) (i.e., Nocu ;r‘”" 7 ) is close to one, because (i) the ACK packet
N aeu L swo + _Lcﬁ;‘“gﬁ"

length is relatively small and (ii) the “delayed ACK” policy is used to reduce the number of ACK
packets to be sent. Thus, transmitting ACK packets in the downstream direction has very minor impact
on 77 due to only a small portion of the channel capacity being used for the ACK packets. The MAP
limitation of 2048 mini-slots, however, may easily be exceeded in the two-way transfer case.
Fortunately, the MAP limitation has very minor impact on 7, thanks to the global ordering of data
grants placed in MAPs remaining intact. The only difference is that the data grants unable to fit in one
MAP should be put in the next MAP. To save space, we assume this limitation is not exceeded although

the analytical approach is still applicable to handle the case when it is exceeded.

Based on the analysis in Sec.3.1 (i.e., (5) and (6)), n is highly dependent on the relationship
between Ngcm and 2N, req. Besides, the backlog in the upstream buffer is usually non-zero in the
two-way transfer case. Due to the uncertain number of pending requests, we can only determine the
upper and lower bounds of 7 instead of the determunistic value as in the one-way scenario. Using the
same approach as in Sec. 3.1, we can derive the two bounds of T, for downstream transfers in two
cases.

14




T;r.n' =(Nc +NHCMNH_:;’nm +NdCMNu#acJ't)trru' (17)

Substituting (16) and (17) into (13), the two bounds of # can be obtained accordingly.

Data grants placed in a MAP may be rather random. Suppose that no pending requests are caused
by the MAP limitation. Once a long data grant (i.e., satisfying Ny_gae X tms > Duap) is placed in the end
of a MAP, all requests which arrive in the frame described by the MAP will be able to obtain their data

grants in the next MAP. Thus, we conclude that while the worst case may happen, the network tends to

operate m the best case in the steady state. We will demonstrate such an effect in the simulation section.

When the numbers of downloading and upleading CMs are equal and very large, the lower bound

of 77 can be approximated as

NdCMLdam Cd x (NJCM Nu_dma + NdCM Nu_ack )Ims Cd

b = . 18
Nocwlos dxLy, N acw dxC, oo

=3
]

NdCMLdara +

In this case, 7 just reflects the inherent bandwidth asymmetry in HFC networks.

B) Uploading TCP transfers
From the viewpoint of uploading CMs, the upstream user service rate (i.e., the inverse of the
upstream user service time) is their packet transmission rate. In addition, the upstream service rates (in

terms of packets per sec) of uploading CMs are equal to those of downloading CMs. Thus,  of

uploading CMs is
N L
N yong Ly + 2225
7= 1 x Nocu x L X d (19)
d=xT,, <, NoowLloy

where T, is the upstream user service time of the uploading CM.

Multiplying # in (19) with  in (13) yields a constant of 174%. When the asymmetry ratio of

downloading CMs increases, the asymmetry ratio of upstream CMs decreases. Due to the nature of
16




Case 1: NdCM = sz_REQ
First, we determine the asymmetry ratio n for the case of Nyoy = 2N; reg, regardless of the

number of uploading CMs. The worst case Tysy of downloading CMs occurs when all data grants for
ACK packets are placed in the end of a MAP. In this case, the piggybacked requests of downloading

CMs are all pending. Thus, the worse case Tsv of downloading CMs is given by

Tu.fv =(2Nc +2NuCMNu_dam +NdCMNra_ack)xtms? (14)
where N, .= Lawa , 1| g Ny gk = Logk , 1 |
- Cu Lins - Cu Yms

The best case Tysv of downstream TCP transfers occurs when the data grant of any long TCP packet
is put in the end of a MAF, where the packet length is long enough to satisfy the condition of Ny data % tms

> Dwmap. In this case, all piggybacked requests can obtain their data grants in the next MAP. Thus, the

best-case Ty 15 given by

T.,=(N,+N N

u_dota

+NdCMN ack)Xtm:' (15)

Substituting (14) and (15) into (13}, the two bounds of # can be obtained accordingly.

Case 2: NdCM > 2Np_REQ
We determine 5 for the case of Nacwm > 2N, rrq, regardless of the number of uploading CMs. The

worst case Ty of downstream TCP transfers occurs when more than Ny reg data grants for ACK

packets are put in the end of a MAP. Thus, the worst case Ty of downloading CMs is

T = [Nc + NHCMNu_dala + (NdCM - Np_REQ)N _ack} tmsNdCM

v (16)
(Nacr =N rep)

Asin case [, the best case Ty occurs when the data grant of a long data packet is put in the end of

a MAP and the packet size is long enough to satisfy the condition of Nuy_data X tms > Dmap. Thus, the best

case Ty 18
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bandwidth asymmetry in HFC networks, downstream TCP transfers usuvally have much larger

asymmetry ratios.
4.2 The Effects of Bandwidth Asymmetry on TCP Round Trip Delay

The relationship between the TCP round trip delay and the asymmetry ratio for two-way transfers
is the same as the one-way case (see egs. 8-11), except that the downloading CMs mostly operate as in

asymmetric networks. The average round trip delay of sending a packet in the two-way case is

L Lo

Zdwa @K for downstream traffic
C, C,

T = (20)

rans

RIT=2T +T,

froRs

+7 ,, where I L
—data , ok for upstream traffic.

Cu Ca’
The long RTT experienced by downloading CMs in the two-way case is due to long TCP packets
going upstream. Long round trip delay m turn makes the TCP congestion window grow very slowly. In
other words, the longer the round trip delay, the lower the downstream throughput. Thus, the two-way

transfer case has lower downstream throughput as compared to the one-way transfer.

5. PERFORMANCE EVALUATION

Parameter Value
Cy 26.97 Mbps
Lo 2.56 Mbps
T {0.5ms
Dhap 2ms
tine 50 ws
N, 5( (mini-slots)
MAP limit| 2048 mini-slots and 240 [Es
| 1024 bytes
| I 64 bytes
B, 20 (packets)
d 2

Table 1. Parameters used for performance evaluation
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In this section, we provide numerical examples and simulation results using ns-2 to verify the

analytical results presented in the previous two sections. The parameters we use in this section are listed

in Table 1.

5.2 Numerical Examples

A. One-way TCP Transfers

We first examine the analysis results for one-way TCP transfers based on Table 1. Fig. 4 plots n as
a function of Nycm. When Nacm 18 less than 13, # 1s larger than one; otherwise, # is less than or equal

to one. This implies TCP has worse performance when Nacu 1s small. In the extreme case, when there is

only one TCP transfer, n reaches its maximum value and the TCP transfer results in the worst

performance. Fig. 5 shows the relationship between the TCP round trip delay and the number of
simultaneous transfers. The solid curve is plotted based on RTT in (8), and the dashed curve is from

RTT in (12). 1t is observed that the asymmetry ratio 7 has significant impact on TCP round trip delay.
When 7 >1, the round trip delay is in the order of 100 ms, and when 7 <1, the round trip delay is in
the order of 10 ms. The large RTT for 7 >1 is due to the long waiting time in the upstream buffer at
CMs. The linear growth of the curve as 7 >1 is due to the increasing total number of mini-slots granted

by the MAP. The curve stays flat as 7 <1, invariant to the value of Nycm.
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Number of simultaneous transfers No. of simultaneous transfers i
Figure 4. Asymmetry ratic Figure 5. TCP round trip delay

We see that the delays of the solid curve are strictly classified into two categories, i.e., an

increasing curve {as » > 1} and a flat curve (as # <1}, due to the result of the following setting: w=1

when 5 > 1, and w=0 when » < 1. In other words, there is a sharp drop in the curve at Ngcmq=13 (i.e.,
18




n =1). In reality, the behavior of TCP should be similar on either side of the point of 7 =1 (e.g.,

1.000001 and 0.999999). This phenomenon can also be explained with Fig. 4. When Fig. 4 is rotated
counter-clock-wise by 90 degrees, the curve of the asymmetry ratic demonstrates an exponential-like
growth. This implies that the RTT value should gradually decrease rather than increase when 5

approaches one and 1 < 5 < 2. With the exponential setting, the RTT curve decreases smoothly as

7 approaches to one, better matching our expectation.

B. Two-way TCP Transfers

We fix the total number of simultaneous transfers to 30. Let Nyewm of 30 clients transfer TCP in the

upstream direction and the rest transfer downstream. The other parameters are based on Table 1.

3 i -+~ lower bound
g o] —*— upper bound
aw b

0
Q 5 1 15 20 25 30 0 5 10 15 20 25 30
No. of uploading CMs No. of uploading CMs

Figure 6. Asymmetry ratio # Figure 7. TCP Round trip delay

The asymmetry ration and the TCP round trip delay of downloading CMs are plotted in Figs. 6
and 7, respectively. Fig. 6 shows that 5 of downloading CMs increases sharply as the number of
simultaneous uploading CMs increases. 5 is too high to tolerate when the number of simultaneous
uploading CMs is beyond 20, i.e. two-third of clients are uploading. Interestingly, # is larger than one

so long as the number of simultanecus transfers is larger than one. This means even with just a few
clients uploading, all downloading clients in this network suffer from bandwidth asymmetry. Fig. 7
shows that the TCP round trip delay of downloading CMs grows linearly as the number of simultaneous

uploading CMs increases. The large round trip delay is due to a very large » , which is much larger than

one and increases exponentially as the number of uploading CMs increases. Compared with one-way
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transfers (see Fig. 5), Fig. 7 has much longer delay. This is because long packets (TCP packets) are

transferred on the bottleneck channel, causing long waiting times for short packets (ACK packets).

5.2 Analysis vs. Simulation

In this section, the analytical results are compared with the simulation results. Figs. 8 and 9 show the
access delays of downloading users for one-way and two-way transfers, respectively. The solid curves
are from the simulation, and the dashed curves are from the analysis (U is for the upper bound and L is
for the lower bound). We can see that in the one-way case, the two curves stay very close; in the
two-way case, the simulation curve is very close to the lower bound of the analytical curve, matching

our argument in Sec. 4.1,

A - © - Analysis (U)
bl —8— Simulation

—B— Simulation
=% Anabysis

e

Delay (sec)

Delay (sec)

4 10 20 30 40 0 10 20 30
‘ Mo, of simultaneous transfers No. of simultanecus transfers
Figure 8. One-way transfers Figure 9. Two-way transfers

6. CONCLUSION

We have studied the impact of DOCSIS MAC layer operation on the performance of TCP over HFC
networks. We learn that the asymmetry ratio k expressed in [10] cannot adequately explain the behavior
of TCP in DOCSIS-based HFC networks. To better capture the effect of DOCSIS, the asymmetry ratio
15 expressed in another way, denoted as 7, considering the TDMA-like MAC layer operation of
DOCSIS. When 77 > 1, TCP behaves as in a symmetric network; when ;7 < 1, the system acts as in an
asymmetric network, and the performance of TCP degrades. We find that the number of simultaneous
transfers significantly affects the asymmetry ratio. If the number of active CMs is below two times the

maximum number of pending requests in a transmission period, the value of 5 is larger than cne,
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regardless of the value of £. However, as the number of active CMs becomes very large, the effect of
DOCSIS on TCP becomes negligible, and the asymmetry ratio is determined by the bandwidth ratio of

channels times the length ratio of data and ACK packets.

In our analysis, both one-way and two-way transfers are considered. With two-way transfers, the

downloading CMs mostly experience network asymmetry, but operate in the lower bound of » in the
steady state. Based on 7, the round trip delay of sending a data packet is derived for both one-way and

two-way transfers, and the buffer requirement at the CMTS is discussed. We have also conducted

simulation to venify the analytical results. The results show a good match between the simulation and

the analysis.

This paper does not consider collisions in the contention period. In the future, we will further
investigate the impact of collisions on the performance of TCP in DOCSIS networks, and the impact of
DOCSIS’s MAC layer operations on QoS scheduling mechanisms for multimedia traffic over HFC

networks.
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Abstract In this paper, we analyze the handoff

behavior for reliable packet delivery in Mobile JP

networks. In Mobile IP, packets destined to‘

roaming hosts are intercepted by their home
agents and delivered via tunneling to its Care of
Address (CoA). A mobile node may roam across
multiple subnets during receiving data reliably.
Upon each boundary crossing, a handeff is
initiated in which the CoA is updated and a new
tunnel is established. We find that reliable packet
delivery in Mobile IP networks can be medeled as
a renewal process. We derive the probability
distribution of boundary crossings for each
successfully transmitted packet. We also provide
numerical examples to demonstrate how to use
our madel to calculate the probability distribution
of boundary erossings, given the distributions of

residence time and local retransmission attempts.

L INTRODUCTION

Mobile TP [1] is the dominant standard for host
mobility in the Internet. In Mobile IP, mobility
service is enabled with the cooperation of mebility
agents, i.e., the home agent and foreign agents, based

on the operations of “binding” and “tunneling.” A

mobile node (MN) in the home network does not
need support from its HA. When the MN moves
away from the home network, the MN registers with
its home agent a care-of-address (CoA) temporarily
allocated in the foreign network. The home agent will
then bind the received CoA with the home IP address
of the roaming node. It intercepts packets for the
mobile node to the home network and forwards the
packets to the roaming node via tunneling, i.e., the
original packets are encapsulated in new packets
destined to the CoA of the node and sent to the
roaming nodes in their new locations using normal TP
delivery. Such address binding is also performed
upon each handoff. As such, mobile nodes can go
anywhere while retaining their home IP addresses to
receive packets.

In this paper, we study the impact of node
movements on reliable packet delivery. As in IF,
Mobile TP provides unreliable datagram service for
mobile nodes. Packets may also be lost due to node
mobility. Reliable packet delivery here refers to that
packets being correctly delivered to the roaming
nodes. Such a study is important because providing
reliable transport service over Mobile P, such as TCP
or reliable multicast [2-4], will play an important role

for current or emerging wireless applications. To the
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Figure 1. Timing diagram for node movement during a packet delivery time

best of our knowledge, there is no existing work on
the analysis of node movements for Mobile IP.

The rest of the paper is organized as follows. In
Sec. 11, the analytical model is derived. In Sec. 110,
numerical examples are shown. Finally, the paper is

concluded in Sec. V.

IL. ANALYTICAL MODEL

In this section, the analytical model of node
movements for reliable packet delivery in Mobile TP
networks is derived. Let #(f) denote a random
variable representing for the residence time of an MN
in subnet i, =1,2,3,.. and #,{f) be a random variable
denoting the time needed for successful packet
retransimission to MN in subnet i, /=1,2,3, .. We make
the following assumptions:

1.  We assume that the arrival process of packets
destined to an MN is a renewal process,

2.  The handoff ume (i.e., 1) for moving to
subnet /) is assumed the same for all handoff
events.

3. We make no assumptions on the distributions
of random variables () and ¢,(5), where i
=1,2,...n, except that they are independent of
each other and that {f()} and {z.()} are
sequences of identically distributed random
variables.

In this paper, the packert delivery time is defined

as the total time between when a packet is relayed by
the HA of a roaming node and when a packet is
received successfully by the node. The packet may be
received correctly during the period when the node
stays in a subnet (called residence time in this paper),
or spanning over multiple subnets. In the former case,
the packet delivery time is smaller than the residence
time of the node in the subnet. In the latter case, a
handoff occurs whenever the node moves across a
subnet boundary. On each handoff, the node needs to
re-register with the home agent fits new CoA in the
new foreign network. This requires a new address
binding between the home agent and the roaming
node. The time spent in acquiring a new CoA and
rebinding is defined as the handoff time in this paper.
Once a handoff occurs before the packet is
successfully delivered, all the retransmission attempts
made in previous subnets become useless, i.e., the
packet should be sent as a new copy in the new
tunnel, irrespective of how many retries have been
attempted in the previous subnets. Since this
operation repeats after each handoff and behaves
independently from the previous history, the behavior
of reliable packet delivery can be modeled as a
renewal process with identically and independently
distributed (iid) processing times.

Fig. I shows the timing diagram for & handoffs
in a packet delivery time. Suppose that 2 mobile node
MMN is roaming to & foreign network, say subnet FN;,




and has been registered with its HA for address
binding. The process begins when a packet destined
for the MN is intercepted by its HA. The HA then
sends the packet via tunneling to MN. Assume that
the packet received by MN is in subnet FNy at time /.
According to the random observer probability from
the renewal theory [5), the distribution of the residual
time ¢, for MN staying in subnet FN; can be
derived as follows. Let £, (¢) denote the probability
density function of ¢, , and £,7(s) denote the

Laplace transform of £, (7). Thus, we have

10 =4, PX(r)dr, £20, and

=4 xll_m’
5

where random variable X is the residence time of the
MN receiving a new packet in subnet FN¥y, fx(r) is
the probability density function of X, and A, is the
reverse of the mean residual time in subnet FNy, .

Let W denote a random variable representing
the number of handoffs during the packet delivery
time, with the following probability distribution:
Pr[W = 0]=Pr[t, (0) = 4, ] ,
Pr[¥ = n] = Prlr,,(0) > 7, ]

n—1
[Iert. 0+ 4y > 1} Prf, (n) +2,(m) < 25(m)]

7=

Note that we make no assumptions on the
distributions of random variables 7x(7}, (7, and £,(9),
where  =1,2,...n, except that they are independent of
each other and that {#(7}} and {r,{(i)} are sequences
of identically distributed random variables. We also
assume that the handoff time is identical for all

handoff events. Thus, we omit the argument 4.

Define Py, (r) = P{N =r) . Thus,

PN (G) = Pl[rm = ]
= it sxs0a= [ [£a et ar

f ’mf In ) et ds . (1)t
24 5

] Jua f (s) o

"3 f f . (0)e" drds ()
_ 1 e fm (5)
‘T;;,-f Lo 18 r * (—s)ds

-l ir '"[f (3)}{ f:) (—sﬂ}
_L xﬁ[f mJ[f“ o)1)
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where £t} is the probability density function of
t,, and f, (s) is the Laplace transform of f,(2);
Jfalty is the probability density function of 1 and
fR‘(s) is the Laplace transform of fz(7}; o 15 a
sufficiently small positive number appropriately
chosen for the inverse Laplace transform and is
chosen to be less than the smallest of the real parts of
the poles of 3 (—s).

Let g, (1)=Prob(X <1)= .[fx(r)dr . and

- ' =T
Ex (5)=@- Thus, gx(r—T;,)=_[: Sx (e,
and its Laplace transform
e TS % gy (.5'} o Tt Sy (s) _
5

We then derive Py()=Pr(N=1), i=L2,--,n
Let &=Prt, +T,>1z] . Thus, !-@ can be
obtained as follows,

Pr[rm +Th £ :R]

-7,
= fPr(rR SE-T,)x ()t = ]‘:{ J: £ (Ddr } St

ol v So (3 | s
fsz { xda :|e'cﬁ'fﬂ(t)d1

I s PR
iy jfm{e Tyxs o s(s)] f Fa(0e dids 2)

_"L_ il I 5y fm (s)
" _C_jw[e 4 ]j (—s)ds

Therefore, Py(m)= (1= Pyl0))x 8" x(1-8).




We see that the right hand side of the integrand in

5

equations (1) or (2} (e, Ak[fm—f)—) and

[e‘r"“ x—‘["—’ﬂ] , respectively} are analytic at the
)

right half open complex plane, If fR'(-sj has no
branch point and has only finite possible isclated
poles at the right half plane, we can apply the
Residue Theorem to (1) and (2) using a semi-circular
contour in the right half plane. Let © denote the set
of the poles of the function fiy" (~s) in the right half
complex plane. Applying the Residue Theorem to (1)

and (2), we obtain the following results,

neld

P(0)=(-Dx Y Re S[w [/, 9)- I]J

Py{m)=(1- Py (0= 8" ' x(1-8), n=12,-

where

=1+ ZRE S[e'n"’ xmx fﬂ‘(——s}J.
8

s=n
nef)

Interestingly, 6 can be treated as the
“maoving-out” probability from a subnet for z packet
delivery time in Mobile TP networks, and can be used
to express Py (n) . Later in the numerical example
section, we will further investigate the impact of #

on Py (#n).
1IL NUMERICAL EXAMPLE

In this section, we use the following example to
show how to calculate the probability distribution of
boundary crossings for a packet delivery time in
Mobile IP networks.

Let ¢ be exponentially distributed with
probability density function fr(rg)=Age ™ |

w20 . The Laplace transform of [fe(rn) is

then fp (s)= Ae Substituting 5 in fﬂ'(s)

s+ Ag)

with —s, we have f] R'(—.;) oA . Therefore,

(“'S+11R)
Py(0)= £, (Az) ,
and  Py(n)=(1-f, (A)x8" "' x(1-8),

n=12-,where 8=1-¢ " x 7 (2.3,
Next, we consider f,,(my) is exponentially
distributed with rate 4, . Is Laplace

transform  7,,’(s) can  be

() =2
(s+

expressed  as

5 Substituting s in f,, (s) with A,

) ' A
id Agy=—"-2
we wyield f, {ip) et )

and Py{n}, n=12,---, can both be determined

, from which Py (0)

accordingly.
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Figure 2. Py (m)

In Fig. 2, Py(n) is plotted as a function of
n for exponentially distributeds; and exponentially
distributed 2,, . To observe the impact of other

parameters on the probability distribution of the




number of boundary crossings for successful packet

delivery, we vary the following ratios: (l)—-—-—ig"‘; and
R

{2)—E-[-!ﬂ,whEre Eltw) _ A and Ety]
£lg] Eltp]l A, Elrl

=T, xdp.

In Fig. 2, R is defined as 5[[:"] . We have the
:

following observations.

{1} The curves of Py(n)in all cases drop rapidly at
small 7. In other words, it is more likely that a
packet will be delivered successfully after a few
handoffs.

Eltp]
‘g

(2) The curves with the same value of have

the same value at #=0, ie., Py (0). The smaller

the value of %—1, the larger the value of

g}

P (0).
(3} The PFy(n)curve drops more sharply for smaller

“moving-out” probability (i.e., #) from a subnet.

Such moving-out speed is determined by Eltp]

Eltp]

and fl——r"’—] A smaller valye of £l will
£tg] Eltr]

have a smailer moving-out speed. This is because

f E{f},]
['r

the value o will become smaller when

Elt,] decreases and E[tp] is fixed, or

when E[t,, ] is fixed and E[rz] increases. Thus, a

smaller -E%d incurs less boundary crossings,
R

leading to a higher probability to successfully

deliver a packet within a subnet. Thus, the curve

Similarly, a

drops more sharply.

E[IJN ]
ip

smaller will have a smaller @, and the

curve also drops more sharply.

V. CONCLUSION

In this paper, we have modeled the node
movement behavior for reliable packet delivery in
Mobile IP networks. The probability distribution of
the number of boundary crossings for reliable packet
delivery is derived. We also provide numerical
examples to demonstrate how to use our maodel to
calculate the probability distribution of boundary
crossings, given the distributions of residence time

and [ocal retransmission attempts,
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Fair Scheduling in Mobile Ad Hoc Networks
with Channel Errors

Hsi-Lu Chao, Studert Member, IEEE, and Wanjiun Liao, Member, IEEE

Abstract—In this paper, we study fair scheduling in ad hoc
networks, accounting for channel errors. Since wireless channels
are susceptible to failures, to ensure fairness, it may be necessary
to compensate those flows with error-prone channels. Existing
compensation mechanisms need the support of base stations and
only work for one-hop wireless channels. Therefore, they are not
suitable for multihop wireless networks. Existing fair scheduling
protocols for ad hoc mnetworks can be classified into
timestamp-based and credit-based approaches. None of them
takes channel exrors into account. In this paper, we investigate the
compensation issue of fair scheduling and propose a mechanism
called Timestamp-Based Compensation Protocol (TBCF) for
mobile ad hoe networks. We evaluate the performance of TBCP
by simulation and analyze its long-term throughput. The results
show that our analytical result provides accurate performance
estimation for TBCP.

Index Terms—fair scheduling, wireless ad hoc networks,
fairness, channel compensation.

I. INTRODUCTION

A N ad hoc network is a self-organizing wirgless network
comprised only of mobile nodes. In such a network, nodes
are connected via a multihop path and without the support of
any pre-existing wired infrastructure. In wireless networks,
radio spectrum (i.e, bandwidth} is a precious and limited
resource. Such resource should be shared by nodes in a fair way,
especially when there is competition for this resource due to
unsatisfied demands.

Existing fair scheduling mechanisms in ad hoc networks can be
classified into two categories: timestamp-based [1,2] and
credit-based [3], according to different decision metrics. The
timestamp-based mechanisms in [1] and [2] work similarly. In
[2], a flow graph must first be generated. Each vertex in the
flow graph represents a flow. When two flows contend for the
same resource, an edge is added between them, The scheduling
discipline in [2] is based on Start-time Fair Queueing (SFQ) [4],
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and each newly arriving packet is locally assigned a start and a
finish tag according to (1).

S =maxHA_(v})] Fi) e

g ’ W
Ff =Sf+-a;,j2.f

where Sj; is the start tag and F f is the finish tag of the /
packet of flow f; p:;-, Ij., A(p}), and le[’p})J are the /"
packet of flow 1, the length of pj', , the arrival time of p}' ,and

the virtual arrival time of pj;, respectively; @y is the flow

weight of flow /, indicating the fraction of link capacity to be
shared by f. Either ttmestamps can be chosen as the service tag.
The packet with the smallest service tag is transmitted first.
Spatial channel reuse is implemented by means of backoff
parameters. Each packet of a flow is associated with a backoff
value. This backoff value is equal to the number of flows
contending for the channel but with smaller service tags, and is
decremented by one at each time slot. Once this backoff value
reaches zero, the packet is transmitted.

In [3], a two-tier and cluster-based mechanism is proposed.
The network s logically partitioned into clusters, each with a
scheduler. Each flow is associated with three parameters:
Credit, Usage, and Excess, where Fxcess = Usage — Credil.
The scheduler assigns time slots to mobiles in the respective
cluster based on the first tier algorithm. The mobiles scheduled
to send at the next time slot then in turn assign the time slot to
the flows determined by the second tier algorithm. Each cluster
scheduter operates independently. The scheduling disciplines
in both tiers are all based on the Credir value, i.e., the one with
the smallest Excess value has the priority to transmit, The
unused credit can be accumulated for future use.

The problem in [1-3] is that the transmission channels are all
assumed error-free. This assumption is, however, unrealistic
for wireless networks [5] due to their high channel error rates,
such as location-dependent errors or bursty errors. In what
follows, we first survey the related work on error compensation
for wireless networks, and then describe our main contribution
to the addressed problem for ad hoc networks.
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A, Related Work an Error Compensation in Wireless
Networks

Existing works proposed to achieve fairness for wireless
networks with channel errors are all based on the support of
base stations and work for one-hop wireless channels [6-9].

In 16], the Chamel-condition Independent packet Fair
Queueing (CIF-Q) is proposed. Each session is associated with
a parameter called /ag to indicate if the session should be
compensated. If a session is not leading and the channel is
error-free at its scheduled time, its head-of-line packet is
transmitted; otherwise, the time slot is released to other
sessions. The problem with CIF-Q is that leading sessions are
not attowed to terminate unless all their leads have been paid
back, regardless of whether such terminations are caused by
breken routes. This property makes CIF-Q an inadequate
solution for ad hoc networks, because a connection may be
broken dve to node movements.

In [7], the Idealized Wireless Fair-Queueing (IWFQ) and the
Wireless Packet Scheduling (WPS) protocols are proposed. If a
session experiences channel errors at its scheduled time, the
base station first attempts to swap the slots assigned to this
session with other sessions within the same frame. If such
attempt fails, the base station will compensate the error slots of
this session in a later frame. Again, this mechanism is not
suitable for ad hoc networks, due to the need of support from
base stations.

In [8], & virtual compensation session is introduced in the
scheduling process. The wvirtual session is a session, which
always experiences an error-free channel at its scheduled time
but does not really generate packets, The slots received by this
virtual session will be used for compensation, i.e., they will be
reassigned to lagging or handoff sessions. This mechanism,
however, does not consider multihop flows. Thus it is not
suitable for ad hoc networks,

In [9], Bandwidth-Guaranteed Fair Scheduling with
Effective excess Bandwidth Allecation (BGFS-EBA} is
proposed. In BGFS-EBA, each flow can be a lapging, leading,
or in-synch flow as compared to its bandwidth allocation in an
error-free  environment, Each flow is associated with a
parameter called deadline. Bandwidth resource is first
scheduled according to such deadlines, and then further
allocated based on flow status (i.e., lagging, leading, or
in-synch) as in CIF-Q. Unlike other mechanisms, which allow a
flow to transmit only in a good state, a flow in BGFS-EBA is
still allowed to transmit, albeit at lower rates, when its channel
is error-prone. Again, this mechanism needs the support of base
stations. Thus it is not svitable for ad hoc netwerks.

B. Problem Specification

It is a challenge to provide channel compensation while
sharing resource fairly for ad hoc networks. The challenge is
mainly caused by the fully distributed nature of mutli-hop
wireless networks. In ad hoc networks, there is no support from
base stations, and mulitip-hop flows passing through different
hops are processed in an uncoordinated way. Existing channel
compensation mechanisms for wireless networks, however, are

mainly designed for single-hop networks with the support of
base stations. This renders them inadequate for ad hoc
networks,

in this paper, we study fair scheduling, accounting for
channel errors for ad hoc networks. In particular, we focus on
timestamp-based mechanisms. Existing timestamp-based
mechanisms for ad hoc networks {i.e., [1], [2]) only work for
single-hop flows. Implementing fully distributed scheduling
based on timestamps for multihop flows is much more
challenge. In this paper, we propose a new mechanism called
Timestamp-Based Compensation Protocol (TBCP), which is a
multthop timestamp-based fair scheduling mechanism
providing error compensation for flows experiencing channel
errors. We consider a mix of best effort and QoS flows in the
network, where QoS flows are flows whose minimum
bandwidth requirements should be guaranteed. Our objective is
to guarantee the minimum bandwidth requirements of QoS
flows, while ensuring global faimess for best effort flows. Note
that for credit-based mechanisms {e.g., CSAP [3]), unused
credits can be accumulated for future use and ervor
compensation is naturally available. As a result, they can be
easily extended to handle channel errors.

The rest of this paper is organized as follows. TBCP is
described in Sec. II. The performance of TBCP is evaluated in
Sec. 111 and IV, Finally, the paper is concluded in Sec V.

II. TIMESTAMP-BASED COMPENSATION FROTOCOL (TBCP)

In TBCP, the scheduling discipline is also based on SFQ [4].
The start tag in (1) is selected as the service tag for TBCP,
When there is no packet to be sent, the service tag is set to o0,

A. System Model

The general system model for TBCP is described as follows.
(1) A multihop wireless network is considered, in which a
TDMA-based system is assumed to operate over a single
channel shared by all hosts. The bandwidth is represented
as frames of time slots and the slot allocation to packets
waiting to be transmitted is based on their service tags.
Each TDMA frame contains a fixed number of time slots.
The network is synchronized on a frame and slot basis,
using existing synchronization protocols [10,11]. Consider
the tiered adaptive timing synchronization procedure
{TATSP) [10] as an example. In TATSP, a small set of fast
nodes is quickly identified. These nodes are given more
chances to send out beacons. Each node should adopt the
timing received from any beacon with a timestamp later
than its timestamp.

(2} We support two types of flows: best-effort and QoS flows.
For QoS flows, the minimum bandwidth requirement is
guaranteed, and is represented as a fraction of one time slot,
denoted as the Resv value in this paper. Thus, for a QoS
flow, the Resv value is a positive real number between zero
and one; for a best effort flow, the Resv value is always
2ero.
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{3) A valid route should be constructed before data packets are
transmitted, using whatever ad hoc routing mechanisms.
For best effort flows, an ad hoc routing protocel (such as
[12], [#3]) is used; for QoS flows, QoS routing (such as
[14], [15]) is used. The routing mechanism should also
re-route packets on the broken path caused by node
movements. The rerouting may be either locally
constructed or fully reconstructed from the source to all
nades.

(4) Simple admission control is performed at each node during
path construction. A flow is admitted only when the sum of
the reservation levels (i.e., Resv) of all flows, including the
newly arriving one, is less than or equal to the target link
utilization.

(5} We consider only short-term channel errors. To aveid
resumed flows hogging the channel resource after
long-term error conditions, the flows without message
exchanges longer than a threshold due to channel errors
will be removed from the scheduling. As such, the resumed
flows need to compete for the resocurce as newly arriving
flows.

{6} The channel state is detected as follows. Each node
periodically measures the Signai-to-Noise Ratio (SAR) of
the channel. If the SNR value falls below a predefined
threshold, the channel 1s deemed error-prone and the node
stops from transmitting packets temporarily. If the SNR
value exceeds the predefined threshold again, the
transmission resumes.

Note that to better distinguish between the mechanisms with
and without implementing compensation, those considering
channel errors in their scheduling are referred to as
compensation models, and those assuming that channels are
always error-free in their scheduling as error-free models. In
addition, the nodes experiencing error states are called
channel-error nodes, and those without errors are error-free
nodes. Similarly, packets transmitted on error-prone channels
are called channel-error packets and those on error-free
channels are error-free packets.

B. Multihop Fiows

Each node in mobile ad hoc networks acts as both a router
and a host, In TBCP, a multihop flow is modeled as multiple
single-hop flow segments, and each node schedules the
single-hop flows passing through it independently. In TBCP,
each end-to-end flow is referred to0 as a “flow,” and the
single-hop flows belonging to a multi-hop flow are cailed “flow
segments.” For example, flow F in Fig. 1 is comprised of five
single-hop flow segments, i.e., Fy;, Fa3, Fyq, Fys, and Fss. The
source and the destination of flow F are nodes 1 and 6,
respectively. Note that each single-hop flow has one and only
one flow segment.

Each flow segment of a multi-hop flow may be scheduled by
different nodes. As a result, even though a downstream flow
segment has been assigned a slot, it may not have packets
gueued to be transmitted unless the upstream flow segments
have all been allocated a slot. To solve this problem, a new

Figure 1. An example to explain Q-size

parameter called (-size is defined to correlate multiple flow
segments belonging to the same multihop flow. Each flow is
associated with a §-size parameter at each node on the flow
path. This parameter is initialized o zero at all nodes except for
the sender, which has a non-zero (-size depending on the
number of packets to be transmitted. The O-size of a flow
segment indicates the number of packets received from its
previous hop and waiting to be sent to the next hop. A node
with nonzero (J-size means at least one of its flow segments has
packets waiting to be sent, and this node will choose the [east
service tag of queued packets as its service tag. Among all
nodes with nonzero (J-size values, the node with the Jeast
service tag is scheduled for the next time slot.

C. Normalized Flow Weight
Assume that there are n flows passing through node N. Let
x,-N denote the bandwidth share of flow i at node N {called the
flow weight of flow 7 at node V in this paper), expressed as
f- i Resv i
O = B
]

where Resy; is the minimum bandwidth requirement of flow 7,
represented as a fraction of the channel bandwidth. Bandwidth

+ Resv;, (2}

share x,-h'r indicates the fraction of channel bandwidth used by

flow i at node ¥, so as to fairly share the residual bandwidth of
node ¥ and meet the minimum bandwidih requirement of flow i.
For example, assume that there are three flows, say, f7, f>, and f;
passing through node N. Flows ;; and £; are guaranteed flows,
each with 2 Resv value of 0.2; flow f; is a best effort flow.
Based on (2), the bandwidth share of the three flows at node N
are (x,” x7"xs"=(0.4, 0.4, 0.2).

In TBCP, the actual bandwidth shared by each flow at node
N is collaboratively determined by all flows at all nodes in the
interference range (i.e., nodes Jocated within two hops) of node
N, not just solely depending on those flows passing through
node N. Due to lack of coordination for transmissions, nodes
located in the interference range may contend for the channel,
and such contention should be considered in the calculation of
bandwidth share for each flow. To reflect this fact, the
normalized flow weight of each flow at node N is defined.
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Let £ and £y denote the two sets of flow segments passing
through node & and NV°, respectively, where N' is within two
hops of node M. Let Sy be the set of nodes, including & and all
other nodes in its interference range (i.e., two hops). The
normalized flow weight of flow segment fat node N is

N I?
w = .
; o
i€ FyuFy)ieSy

3

This normalized flow weight w? is then used to calculate
the service tag of flow f at node N. The number of slots per
frame obtained by flow f at node M is equal ta w_’.‘l?' times the

number of slots per frame. Note that since the calculations of (2)
and (3} are performed independently at each node, different
single-hop flow segments of a multihop flow may have
different bandwidth shares and normalized flow weights.

For example, consider two nodes, say ¥; and N, in an ad hoc
network. These two nodes are within the transmission range of

each other, Let Resv;'" indicate the Resv value of the £ flow at
node j  The
{Resv]' Resvy Resvi! ) = (0.2,0.2,0), and that of N; is

flow information of N, is

{Resv)'? Resvy! Resv}? )= (0.4,0,0. Thus the bandwidth

shares calculated by N, and N; are (0.4,04,02) and
{0.6,0.2,0.2), respectively, and the normalized flow weights of

N N N N N N o
(w!J-wzr.wjj.wjz.mzzawjzj =

all  flows
{0.2,0.2,6.1,0.3,0.1,0.1).

So far we have not mentioned how the signaling protocol
works for the message exchange among nodes in the
interference range. Recall that each TDMA frame is comprised
of a fixed number of time stots. The network is synchronized on
a frame and slot basis. A frame is comprised of a control phase
and a data phase. The signaling messages are exchanged in the
control phase. The messages to be exchanged are flooded to a
region within two hops (with TTL=2) during the contro} phase.
Based on the received messages, the normalized flow weight of
each flow at a node can be calculated.

D. TBCP Operations

1} Determination of Packet Transmission Qrder at a Node:
The transmission order of a packet at a node is affected by three
factors: the number of slots per frame the flow can use, the
flow's O-size at that node, and the service tag of the packet. The

are

normalized flow weight wj}' of flow f at node N is first
calculated. Based on m}v , flow f at node N is allocated with

w}" x§ slots per frame, where S is the number of slots per

frame. The allocated slots may exceed the requirement if the
number of packets waiting to be transmitted, i.e., the O-size of

flow f, is less than w?f x§ . In this case, the unused slots are

released to other flows, and flow f'will not be compensated with
these give-away slots. The transmission order is then

_[s[a]t]n ew: [1]5T6]s]9]
slot 1 2 3 4 5

[7]6]4]r
_ [s]2]s

(a) (b}
Figure 2. An example to explain TBCP

slot 1

determined by the service tag, For example, the numbers in Fig.
2(a) show the packets’ service tags of three flows /], /5, and f; at
node M. Assume that each frame is comprised of five slots, and

/i indicates the /* packet of flow ;. The number of slots per

frame each flow can use is {2,2,1). For flow j;, the first two least
service-tag packets are transmitted, i.e., £} and s;2. After the
comparison with other two flows, the transmission order of

packets at node N in Fig. 2(2) is < £}, /7, /2. . ; P
However, if /> has only one packet wuiting to be sent as in Fig.
2(a), its unused slot wilt be released to other flows. In this case,
the transmission order arranged by node N becomes
<AL AR T

2) Message Exchange: Each node exchanges the information
about the transmission order of packets determined at step 1}
with its neighbors on a per-frame basis. Thus each node knows
the service tags of other nodes, and also learns when it will
transmit packets. For example, assume that there are two nodes
in an ad hot network, and the corresponding transmission order

with the service tag is shown in Fig. 2(b). Let N/ indicates the
7 slot of node i. The transmission sequence is <N 1NN z,
N3, N> <N7, N§, Ni, N7, Ni> Note that if multiple

nodes have packets with the same service tag, the tie will be
broken based on their node IDs.

Note that the messages are exchanged by flooding with
TTL=2. As such, the exchanged messages are restricted to
those neighbors within two hops. The communication overhead
of TBCP is mainly caused by such message exchanges within
two hops

3) Channel Error Handling: Each node keeps monitoring its
channel state. When the channel is error-prone, the node stops
exchanging transmission messages with its neighbors. Once the
channel recovers, the error-prone node resumes the exchanges.
Consequently, if this node has packets with service tags smaller
than its neighbors after recovery, these packets still have higher
priority to be transmitted. For example, as shown in Fig. 2(b),
node 2 experiences an error-prone state at slot 4 during the
transmission of frame 1, but the channel recovers before the

frame 2 is sent. The modified sequence then becomes <N},




> REPLACE THIS LINE WITH YOUR PAPER IDENTIFICATION NUMBER (DOUBLE-CLICK HERE TO EDIT) < 5

NS ONZ X NP> <N, NP, NEL NP, NP> Note that
one slot is wasted in this example, because messages are
exchanged on a per-frame basis.

I1I. SIMULATION RESULTS

In this section, TBCP is evaluated via simulation. We
compare TBCP with TBP, the error-free model of TBCP (ie.,
assuming that channels are error-free). We also show CBCP
and CSAF [3] (denoted as CBP in this paper) in the figures for
comparison, where CBP and CBCP are the credit-based
mechanisms for channel error-free and compensation models,
respectively, CBCP differs from CBP in that when a node
detects an error state at its scheduled time, the node will inform
its scheduler to stop assigning further slots to it. The Credit
value of this node at the scheduler continues to be accumulated.
Thus, once the channel has recovered, the node has a small
Excess value as compared to other error-free nodes, which
allows this node to have priority to obtain slots. This node then
in turn assigns this slot to the flow with the least Excess value
among all nonzero (-size flows

A, Simwlation Environment and Performance Metrics

In the simulation, 20 nodes are randomly distributed in a
1000-meter by 1000-meter area. The transmission range of
each node is 250 meters. Some nodes are randomly selected as
flow sources and some as flow destinations. Each flow may
either be a best effort or a guaranteed flow and is continuously
backlogged. Each packet is assumed to occupy one time slot,
and has fixed packet length.

We implement spatial channel reuse for both TBP and TBCP
in the sinulation, using a mechanism similar to that in [2]. Each
flow maintains a parameter called Backeff, which decides if it
can use the next slot. The Backoff value of a flow, say flow |, is
the number of flows which are located in flow #’s interference
range and have smaller service tags, This Backoff value counts
down at each time slot. When the Backoff value becomes zero,
the flow can use the next slot,

The proposed mechanism is evaluated with two scenarios:
multibop flows without node mobility, and multihop flows with
mobility support. The mobility pattern of each node follows the
modified random waypoint model [16]. Each node randomly
selects a target position and speed to move. The speed a mobile
node selects is within {Min, Max) meters per second. After
arriving at the target position, the mobile node stays there for a
predefined period of time, called the pause time. The mobile
host then randomly selects a new target position and a speed,
and moves again.

The performance metrics measured in the simulation include
the relative network throughput, satisfaction index, and fairness
index.

(1) Network throughput {p): this parameter is defined as the
summation of all flows® throughput achieved by an
approach.

(2) Relative network throughput (y): this parameter is defined

as M—Eﬂ@ﬁ for the credit-based mechanism and
throughptilcgp

W for the timestamp-based mechanism.
throughputrgp
(3} Satisfaction index (£): this parameter indicates how well
all QoS flows are satisfied for each approach, considering
channel conditions. £ is defined in a way similar to the
definition of the fairness index in [17]). Thus we only count

2
=)
QoS flows and define it as &= 7Y Where x; is the
I
residual bandwidth share (i.e., flow’s slot usage divided by
simulation time, less the Resv value), and is set to one if the
corresponding x; is equal or larger than zero, otherwise x; 18
one minused the shortage divided by its Resv value; m is
the number of guaranteed flows.

{4) The fairness index {x): this parameter indicates how fair
the residual bandwidth is shared by all flows for each

2
(3
approach, and is defined as in [17], i.e, ~* 71
nEIx,- i
i

x; is the residual bandwidth share if x; is equal or Jarger than
zero, otherwise x; is zero; # is the number of flows in an ad
hoc network. Note that we do not use the proportional

|W;(!1-’2) _Fith)
] a)r mj l ]
as the fairness index. The reason is for a multihop flow, the

single-hop flow segments may not have identical flow
weights,

B, Simulation Resuits

We adopt a two-state discrete Markov chain as in [18] to
model wireless channel errors. Let p, denote the probability
that the next time slot is in the good state given that the current
time slot is bad, and let p, denote the probability that the next
time slot is bad given that the current slot is in the good state.
The steady state probabilities Pg and Py in the good and error

where

fairness defined in [6,7,8], i.e.

states, respectively, are given by Ps= it and
.pg + 2y
Py = _Pr
pg P

We first generate ten multihop flows: six guaranteed flows
and four best-effort flows. p, and p; in the error model are set to
0.08 and 0.02, respectively. Thus, the steady state probabilities
P and Pg in the good and bad states are 0.8 and 0.2,
respectively




> REPLACE THIS LINE WITH YOUR PAPER IDENTIFICATION NUMBER (DOUBLE-CLICK HERE TO EDIT) < 6

B withou moviliy

[F] | 65437 O with mobiliny:

15 1511356

140645
2
1.00042 0.96032
D.E
s |
na
u2
¢ L—
cap cBCP

142218

=

Network throughput

0959999 | 1 I

Satislaclion index
= = = e
ks n [y = =

-

TBP TBCI CBP CHCP TBr Tecr
(a) Network throughput (b} Satisfaction index
1.2 12
| 0.9t9170 0.56k344 2 with tobl L OTBCP
D.50E42 | QU0
s Eq i
i i
E a4 '§ o6 |
£ :
w 0400641 0.400045 ¥
éar 0336015 2343602 ot
&£
° 0
CBP CBCP TBP TaCP Pl=02 P=0.5 PG=08 PG=(9
{c)Fairness index (d) Relative network throughput
1.1 1.2
ol CHCP o CRCP
OTBEC? OTHECP
?
L] ok |
! i
£ fosb
£ i
= I-I'-
4 [(R] D4 }
j:l )
o8 0 . . |
P02 PGS Po=a.B PG=059 PG=~12 PG5 PG=0.0 PG=0.%

(e) Satisfaction index for different Py values

(f) Fairness index for different P values

Figure 3. Simulation results

Fig. 3(a) (see black bars) shows the network throughput. We
find both CBCF and TBCP have similar network throughput,
This is because the throughput of each multihop flow is
determined by the area with the largest congestion degree' it
passes through (here we call the area the “bottleneck cluster®™

' The congestion degree of a cluster is defined as the tatal reservation level
recorded by the scheduler.

? The botticneck cluster of 2 network is the cluster that is the most congested,
i.e., with the highest Resv value.

in the case of credit-based schemes, and “bottleneck
interference range™ in the timestamp-based schemes), and not
solely determined by each cluster (or interference range).
Another interesting finding is that TBP has higher network
throughput than CBP. This is because the proposed
timestamp-based scheme only allows nonzero Q-size nodes to
exchange transmission order messages, and thus it is more
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flexible in slot allocation. Figs. 3(b) and 3(c¢) (sce black bars)
show their satisfaction and fairness indices, respectively. We
see that both mechanisms still satisfy the demands of most Qo3
flows in this scenario, but have low fairness indices. This is
because each multihop flow’s throughput is constrained by the
bottleneck cluster. Flows passing through the less congested
area will have larger bandwidths, and vice versa. Fortunately,
this problem can further be improved when node mobility is
supported, as shown in the next case.

Next, we make the five multihop flows with mobility. The
Min and Max speeds are set to be 10 meters per sec and 30
meters per sec, respectively. The netweork throughput of each
approach is shown in Fig. 3(a), and the satisfaction and fairness
indices of each approach are shown in Figs. 3{(b) and 3(c),
respectively (see white bars), We find that mobility causes
broken routes more frequently, thus degrading network
throughput. However, node mobility may increase the
probability for a flow to change the area in which it is located
(i.e, cluster for the credit-based schemes and interference
range for time-stamp based mechanisms). This helps improve
global fairness.

Finally, we study the impact of channel errors on the
proposed approaches. We vary the value of P but fix all other
parameters. The relative network throughput of each approach
is shown in Fig, 3(d). As the value of Pg increases, the relative
network throughput increases. The reason is that a larger Pg
value means more good slots, leading to more successful
transmissions and higher network throughput, The satisfaction
and fairness indices of each setting are shown in Figs. 3(e) and
3(f}, respectively. Since a larger P; value makes more good
slots, the probability to satisfy QoS flows is higher. Thus, it
gives a higher satisfaction index. A larger Pg value also
increases the opportunity for a node to be compensated after its
channel recovers, and thus has a higher fairness index.

1V. PERFORMANCE ANALYSIS

In this section, we analyze the long-term throughputs of
CBCP and TBCP. In this analysis, we do not consider node
mobility, and ignore spatial channel reuse. Each mechanism is
analyzed with the two-state channel errors.

A. Credit-Based Compensation Protocol {(CBCF)

We calculate the throughput of CBCP. Suppose that the
network s partitioned into m clusters. Without loss of
generality, the m clusters are sorted in a descending order of the
congestion degree, i.e., Resw{f) > ReswW2) > ...> Resv(m). Let
N, denote the number of flow segments in cluster i, and N, ;
denote the number of flow segments in both clusters i and §. Let
S5; denote the set of flows in cluster i, and 5 ; denote the set of
flows in both clusters { and /. Assume that the scheduler of
cluster i manage &, flow segments. The residual bandwidth
shared by flow f in «cluster i is calculated as

? The bottleneck interference range of a nelwork is the 2-hop area with the
highest toial flow weight.

N,
-3 Resv_l,—

j=i
N.

]

y} = , and the total bandwidth used by flow fin

cluster { is given by zj,r = Resvy + y} . The throughput of flow

J is defined as Wy =£, where P is the number of packets

received at the destination node, and 7 is the measurement
window size.

1) Estimated Throughput: We consider the two-state error
model. The average number of error-free slots obtained by each
node is T'x Py , where Py is the steady state probability of the

good state. For the most congested cluster, i.e., cluster I, each
flow segment’s thronghput is proportional to its z_‘:r , as shown
in (4).

!- %}Resvj
TxPgx|Resvy+ J-N_;
Wr= 7 =Fs xzf« )
JFes; (4)

Similarly, the throughputs of those flows in cluster 2 but not
in cluster [ can be calculated as follows.

I- ¥ zi-  ZTResy
. eelsZ
Wg = Fg x| Resvg + J&S12 <(5:-5)2) ,
Nz—N;;
gelS2-5:2)  ®

Assume the bottleneck of flow segment # is in cluster ». Let
() denote the set of flows in cluster » but their bottlenecks are in
more congested clusters than cluster » (i.e., clusters /, 2, ..., or
r-1), and R be the set of flows in Jess congested clusters (i.e.,

r+l, r+2, ..., m). For all flows in @, zfr indicates the

bandwidth share of flow segment fin its bottleneck cluster 4.
Let Ng denote the number of flow segments in set R. Therefore,
the throughput of flow segment & is expressed as
I- Zz,—b— ¥ Resv;
e JeR

W, = P> x| Resvy, + s
h & h NR

heR (6)

For those flows passing through both clusters f and j, and i</,
their shares of residual bandwidth are constrained by the more
congested cluster, ie., cluster i. Thus, they will release some
resources to the flows in cluster § but not in cluster 7. Based on
this concept, to calculate the throughputs of flows bottlenecked
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at cluster j, we should first recursively derive the flow
segments’ throughputs bottlenecked at cluster £, 2, ..., (j-{}.
Therefore, for a multihop flow, its estimated flow throughput

is min{ W.p } . where i is a path node and P is the flow path,
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2} Analytical vs. Simulation Results: We verify our analysis
via simulation. Five flows are randomly penerated in the same
network as in Sec. IIT: three guaranteed flows and two best
effort flows, The netwerk topology and flow information are
shown in Figs. 4(a) and 4(b). The comparison of the analytical
result with the simulation result is shown in Fig. 4(c). We see
that our analytical model provides very good estimation for the
performance of CBCP.

B. Timestamp-Based Compensation Protocol (TBCFP)

In an ad hoc network, a transmitting node, say node s, will
interfere with another node, say n', due to the following two
reasons:

(1) Node r’ is within the transmission range of node », and is
the receiver of another flow segment, simultaneously.

{2) Node »n’ is within the transmission range of node n’s
corresponding receiver, and is the sender of another flow
segment,

Unlike CBCP, TBCP has no schedulers to implement
coordination. When a node is transmitting, those nodes within
its two-hop are interfered. Therefore, the following analysis
deals with this issue by calculating a flow's normalized weight.

1) Estimated Throughput: We consider the two-state error
model. Assume there are » nodes in the ad hoc network. The
average number of error-free siots for a node is 7' x Fy , where
T is the measurement window, and Pg is the steady state
probability of the good state. Let S, indicate the set of flow
segments passing through nods m, and S,,- represents the set of
flow segments within node m's interference range. For each
flow segment f passing through node m, its bandwidth share is

A
/- X Resv;

Xp= Resvf + =1 , where M is the number of flow

segments managed by node m. The normalized flow weight of f

X
is calculated as @, = i . The corresponding flow

Xy
jE{Sm Usm'}
throughput of flow fis given by
TxFPgxw
Wf = ————G f
T
For a multihop flow, its estimated flow throughput is
m:‘n{ Wicp } , where i iz a path node and P is the flow path.

=Pgxas, f€85, ()

2)  Analytical vs. Simulation Resulls

We randomly generate five flows in the simulation: four best
effort flows and one guaranteed flow. The node graph is in Fig,
5(a). Furthermore, the information of flows and the
corresponding interfering nodes is shown in Fig. 5(b). The
comparison with simnlation results is shown in Fig. 5(c). Again,
we see that our analytical model provides accurate estimation
for the performance of TBCP.

V. CONCLUSION

In this paper, we discuss the channel compensation issue of
fair scheduling and propose one such mechanism called TBCP
for mobile multihop networks. TBCFE supports multihop flows,
and performs well when node mobility is supported. We
describe the detailed operation of TBCP, and conduct
simuiations to evaluate its performance. From the simulation
results, we demonstrate that TBCP satisfies QoS flow demands
and provides global fairness for best effort flows, We also show
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Figure 5. Analytical result vs. simulation result for TBCP

flows. Finally, we analyze the flow throughputs of CBCP and
TBCP, and verify the analytical result with simulation. The
results show that our analytical results provide accurate
performance estimations for the proposed mechanisms,

This paper addresses fair scheduling for multimedia mobile
ad hoc networks with channel errors. The QoS demands of
flows basically are described via bandwidth. In the future, we
will investigate fair scheduling with other QoS metrics such as
delay or delay jitter for ad hoc networks.
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Absfrace- In this paper, we mode] the behavior of packet
forwarding via a multihop path in mobile ad hoc networks. In
our analysis, we consider a densely populated network and
assume a flooding protocol for packet forwarding. We find that
the behavior of packet forwarding in such an environment ¢an
be regarded as a dropping a stone into a lake, and then
counting the number of ripples moving out from the source
{t.c., the center) to the destination. What makes the problem
complicated is the node mobility during the packet forwarding.
As a resuit, we cannot solely count the number of ripples in
between as the number of heps in the path on which the packet
traverses. We then derive the probability distribution function
of hop counts for packet forwarding, accounting for node
movements. Based on the analytical model, we then evaluate
several different types of flooding mechanisms commeonly
adopted for target searching in ad hoc networks. Compared
with existing work, which assumes a snapshot of the network
and all nodes are static in the analysis, our analytical
framework provides more insights for the study of efficient
flooding in mobile ad hoc networks,

Keywords: mobile ad hoc networks, multthop packet
forwarding, modeling

1. INTRODUCTION

A mobile ad hoc network is a multihop wireless
network. In such a network, each node in the network
plays both roles of a host and a router. Data packets are
then relayed via multiple hops, without the support of
fixed infrastructure. Nodes may be roaming around
during packet forwarding. Whenever a node on the
routing path has moved away, the path must be rerouted.

In this paper, we stady the behavior of packet
forwarding on a multihop path in mobile ad hoc
networks. The behavior of packet forwarding in mobile
ad hoc networks may be affected by many different
factors, such as node mobility, spatial distribution of
nodes, the routing algorithm, and network topology. The
impacts of all factors on the performance of packet
forwarding have been widely studied in the literature
[1-6]. In [1}, many mobility models are surveyed. In [2],
the impact of packet routing protocols on the end-to-end
transmission delay is discussed. The authors alse claim
that node density affects the delay. In [3], the authors
find that node degree and connectivity both have impact
on the delay, and thus network topology is also an
impeortant factor to consider. In addition, they claim that
so long as the transmission range of nodes is properly
chosen, the network connectivity is ensured.

In [4], both the length and duration of a movement

epoch and the direction of travel according to the
random waypoint mobility model are proven to be
nonuniform and affected not only by the spatial position
of the node but also the simulation region. In [5], the
node spatial distribution based on the random waypoint
model is analyzed. In [6], a forwarding technique, called
GeRaF, is proposed based on the geographic location of
nodes. The circular intersection area between the
transmission ranges of adjacent nodes and the distance
of the destination node are used to derive the analytical
bounds for the multihop performance of GeRaF.
However, the assumption that the geographic location of
all nodes s known a priori is not realistic in general.

In this paper, we model the behavior of packet
forwarding on a multihop path in mobile ad hoc
networks. In particular, we derive the probability
distribution function of the number of hops in a
multihop path for packet forwarding, allowing node
movements. Based on the analytical mode], we further
evaluate several different types of flooding mechanisms
commonly adopted for target searching in ad hoc
networks, including blind flooding (e.g., flooding
mentioned in [7]), two-tier flooding (e.g., DSR [8]), and
expansion-ring floeding (e.g., AODV [9]), with respect
to their cost and target searching latency. Compared with
[10], which assumes a snapshot of the network and all
nodes are static in the analysis, our analytical framework
provides more insights for the study of efficient flooding
in mobile ad hoc networks, because we consider node
mobility and many network parameters (including
distance between nodes, transmission tadius and the
processing time of nodes) together.

The rest of the paper is organized as follows. In
Sec. 11, the system model and assumptions are described,
and an analytical model is denved. In Sec. III, different
types of flooding schemes are evaluated based on the
analytical model. Finally, the paper is concluded in Sec.
Iv.

IL ANALYTICAL MODEL

A. System Model and Assumptions

The system we consider is a2 homogeneous mobile
ad hoc network, in which all nodes are equipped with
the same transmission capacity and data are forwarded
via a multihop path. Each node is continuously roaming.
We do not assume a certain mobility model, but capture
the moving behavior by means of the circles centered at
the initial location of roaming nodes. In other words, the




circles for those fast-moving nodes grow faster than
those slow-moving ones. We consider a densely
poputated network, Thus, the isolated node problem will
not happen. We alse don't consider the interference and
handoff problems,

In this paper, we model the distance between
source and destination in terms of the number of hops
for packets to travel, taking node movements into
account. Data packets are forwarded via flooding,
considering “flooding” being widely used for target
searching in the route discovery phase of most
on-demand ad hoc routing protocols. The notation used
in the analysis is summarized in Table L.

a The tadius of the transmission range of each node.
P Packet size (bits)
e Link speed (bps)

o
o |

Packet transmission time, {, =

[# Processing delay at the ith node counted from the

source on a multihop path

L The random variable representing the initial distance
between the source and the destination, with

probability density function [, (£} .

¥, The growing rate of the circle centered at the
destination
H The random variable representing the number of

hops o be traversed for packet forwarding

Fy(hy) The cumulative distribution function of

£, (k) | The probability density function of H

TABLE 1. NOTATION IN THE ANALYSIS
B. The Hop Counts for Multihop Packet Forwarding

In our model, we consider a maobile ad hoc
network with high node density. In other words, no
matter which direction the next hop is, there is always a
node there to forward the packet via flooding. Fig. !
illustrates an example to forward a packet over a
multihop path in our system, where R denotes the radius
of the transmission range of each node. Interestingly,
such phenomena makes the behavior of packet
forwarding along a multihop path for a
source-destination pair just like dropping a stone into a
lake and generating ripples moving out from the source.
What interests us is the number of ripples between the
source and the destination, which is equal to the number
of hops for the packet to traverse in between,

Figure 1. The behavior of multihop packet forwarding

However, this hop count can only be regarded as
the initial distance between the source and the
destination, because the destination node may be
moving arcund during the packet forwarding. If the
destination node is moving towards the source, the final
hop count will be smaller than the initial one, and vice
verse. What makes this problem complicated is that it is
hard to predict which direction the destination node is
moving at any moment, The only thing we can be sure is
that if the movement speed is higher, the possible area in
which the destination node may be located become
wider. To capture such an effect, we adopt a circle
centered at the destination to represent the possible area
in which the destination node may be located at any
moment. The higher node mobility then results in a
larger circle. As a result, once the moving speed is given,
we can predict how the circle grows.

T
2th hop i hap ’ 2h hep
/ /
(@) H<1 A2

Figure 2. Two examples of packet forwarding

Let H denote the random variable of the hop count
for the source-destination pair of interest, and F,, (&,) be
the curmulative probability distribution of H. Given the
initial distance I, the number of hops the packet
traverses is at most one only if the following condition
holds {as shown in Fig. 2 (a)):

. ac—r,
azLl+r -t ,1e, Ls—i,
€

where a i5 the node transmission radius, r, is the circle
growing rate, and ¢, is the packet transmission delay
in one hop (the propagation delay is ignored). Thus, the

probability with A at most one is
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Now we calculate the probability of the hop count
greater than one. Using a two-hop path as an example
(Fig. 2 (b)), we have2a> L+r, (21, +4,), where 7, is

the processing delay of the first relaying node from the

. . 2ac—Le-2r,
source. Since f, = f—, we obtain 7, (BT RET NP
¢ v
. 2ac—Le-2r,
In addition, 0 <¢,, thus we have et 1 PN )
v

Due to re20, 2ac—Le-2r,p20 must hold, ie.,

2ac-2
L Su. Thus, the probability that the packet
c

traverses at most two hops is expressed as

Ful2)=
Joc-2s.p
¥ 2ac—l,c -
[ P, <286 hC TP g VP =1 ),
a r.C
Similarly, the packet traversed at most ¥ hops (i.e.,

N-1 intenmnediate relaying nodes) only when the
N-]

following condition holds: aN = L+r, -[N 1, + Zz‘l.J,
i=}

where !, is the processing delay of the fth relaying

node counting from the source on the path,

X

Substituting t. =2 into the
¢

& Nac~Le=N
inequality, we obtain Y f, <HETHT TP ginee

i=|

r.c

Nac—Nr_ p
c

N=]
0£Zr,., we pet L=< Thus, the
=1

probability of at most N-hop traveling is expressed as

Fu(¥)=

Nac-Nr_p
< Nl e
[ A s NeezheoNop ) ’uJP(L — 1M
o) =1 rrc

Assume that { ¢ :i=12,--} is a set of
independent, identically distributed random variables
with probability density function f{t) . Let f;(},)be the

probability density function of L. The probability
distribution function that the packet can trave] at most N
hops F, (N} can be further expressed as

Nug=Ni,p Harr - Wy g

B R R R m EEe
Lorlral™ LS e fmfuwf"}s

L] 4

2aj e 5
where [ (s) isthe Laplace transform of  j{(1) .

Let P,(N), N=12,-, denote the probability
of exactly N-hop traversal for packet forwarding, i.e.,
£ (N)=Pi{H = N). Therefore,

Fu (M), N=]
PN y={Fy(N)-Fy(N-1),N22
0, otherwise

I11. THE MODEL VERIFICATION

Figure 3. The analytical and simulation results for £, (A)

To validate the analytical model by simulations,
we plot the cumelative distribution function £, (N)
with two different settings of L. The settings of other
parameters are: [, =1sec, a=10 units and 7,=0.5 units
per sec. As shown in Fig 3, the analytical and simulation
results fit very well.

TV. THE PERFORMANCE OF DIFFERENT FLOODING
SCHEMES ON TARGET DISCOVERY

We have modeled the behavior of a packet being
flooded from source to destination in a dense mabile ad
hoc network. Based on the analytical model, we can
evaluate the cost and latency of different flooding
schemes for searching a target destination under various
system parameters. In what follows, three different types
of flooding schemes for searching a target destination
are considered,

{1) Blind flooding: the entire network is flooded (e.g.,
[7D).

{2} Two-tier flooding: the finite-hop neighbors are
searched first. If the target is not found, the entire
network is flooded. The searching packet for target
location in DSR [8] is an example of two-tier




flooding.

{3) Expansion-ring flooding: the source incrementally
enlarges the searching range from an initial value to
a predefined threshold. If the target s still not found,
the entire network is flooded. The searching packet
for target location in AODV [9] is an example of
expansion-ring flooding.

Fig. 4 illustrates the use of the three flooding
schemes to search a target in a 4-hop ad hoc network
centered at node 5. The searching range of the network
is controlled by the “Time-to-Live” (TTL)} parameters
(in terms of the number of hops) in the packet header.
Fig. 4 (a) illustrates blind flooding, in which a searching
packet is flooded to the entire network. Fig. 4 (b) shows
two-hop two-tier flooding, in which a searching packet
is first broadcast with TTL=2. If the target destination is
not found, another searching packet is flooded to the
entire network. Fig. 4 (c) depicts expansion-ring
flooding, in which a searching packet with initiai TTL,
say, 2, is first broadcast. In case the target is not found,
the TTL is incremented by one and a searching packet is
broadcast with the updated TTL. This is repeated unti]
the predefined threshold (say 3) is reached. If the search
with the threshold TTL still fails, a final searching
packet is flooded to the entire network.

{b)  Two-tier flooding

{c) Expansion-ring flooding
Figure 4. Three different flooding schemes

We first evaluate the cost of sending a packet for
each flooding scheme, where the cost is defined as the

number of times the packet is broadcast by each scheme.
A packet is referred to as &-hop limited if the packet is
propagated up to k hops from the source. The eligible
nodes for a k-hop limited packet are those located in the
area with transmission radius (k-Ta, £=12,. but
not including those exactly k hops away, from the source.
For example, the set of nodes eligible for a 1-hop limited
packet include the source node only; the set of nodes
eligible for a 2-hop limited packet include the nodes
located in the radius of one hop, i.e., ma’d , where a is
the transmission radius and 4 is the node density.
Similarly, the set of nodes eligible for a k-hop limited
packet includes the nodes located in the area of
(k-1?m’d, k=12,--. Note that since we consider
a dense ad hoc network, d >>1.

We consider six different schemes. Scheme |
represents blind flooding. Schemes 2-4 indicate two-tier
flooding with different settings to limit the flooding of
the initial packet: for Scheme 2, the first searching
packet is one-hop limited, for Scheme 3, the first packet
is two-hop limited, and for Scheme 3, the first packet is
3-hop limijted. Schemes 5-6 are for expansion-ring
flooding with different settings of the initial packet: for
Scheme 5, the first packet is one-hop limited, and for
Scheme 6, the first packet is two-hop limited. There is
no predefined threshold for Schemes 5 and 6.

Fig. 5 (a) shows the cost of each flooding with
different network topologies as shown in Table II, in
which each column indicates a different network
parameter, and each row shows a different topology
getting. The reference row (i.e., Ref) indicates the
baseline of comparnison for different flooding schemes.
Compared to the baseline, row A achieves 33%
reduction in L (i.e., initial distance between source and
destination), row B 50% increase in a (transmission
radius of a mobile node), row C 80% reduction in {;
(i.e., processing delay of an intermediate node), and row
D 80% reduction in r, {i.e., node mobility). Fig. 5 (b)
shows the searching latency of each scheme. From Fig.5,
we have some observations.

Cosl Evehalians

Diflerent Noading scheme

{a) Cost




Latency Evalustions

(b) Latency
Figure 5. Performance evaluation
L {unit}) ff. (sec) a (unit} ¥, (unit/sec)
A 6.67 1 10 0.3
B 10 1 15 .5
C 10 0.2 10 0.5
D 10 1 10 Q.1
Ref 10 1 10 05

TABLE II. NETWORK PARAMETERS

L) Trade-off between the flooding cost and the searching

latency

Fig. 5 shows the trade-off between the flooding
cost and the searching latency. For blind flooding, the
packet is broadcast to the entire network but never
retransmitted. Thus, it has the highest flooding cost but
the lowest latency. For two-tier flooding, the packet is
hop-limited in its first probing, followed by blind
flooding if the first trial fails, As a result, it significantly
reduces the cost, without dramatically increasing the
latency. For expansion-ring flooding, the flooding is
done in an incrementally increasing fashion. Thus, it has
the lowest cost, but at the expense of high latency due to
multiple re-flooding,

2) The impact of diffevent parameters on each flooding
scheme

From Fig.5, we learn that only the initial distance
between source and destination and the transmission
radius of each node are of interest to us. The other
parameters affect the metrics of all schemes in a similar
way. For example, a reduction in L causes a decrease in
the latency for all schemes; similarly, an increase in g
decreases the latency of all schemes.

We examine the impacts of a change in L (i.e., row
A) and a change in a (i.e., row B) on the flooding cost of
all schemes. Blind flooding is immune 1o the changes in
the values of L and 4, because it always floods to the
entire network no matter what happens. For the two-tier
and the expansion-ring schemes, the observation is that

{(a) a reduction in L can lower (and an increase in a van
raise) the flooding cost of both types of schemes, and (b)
a smaller initial search range saves more flooding cost
(see columns 2 and § for example, which correspond to
the cases of one-hop limited}. Such observations match
our intuition.

V. CONCLUSION

In this paper, we model the behavior of packet
forwarding on a multihop path for mobile ad hoc
networks with high node density. The node mobility is
captured by a circle centered at the initial location of the
destination node. Data packets are forwarded via
flooding, considering “flooding™ being widely used for
target searching in the route discovery phase of most
on-demand ad hoc routing protocols,

We find that the behavior of multihop packet
forwarding can be regarded as dropping a stone into a
lake and then counting the number of ripples between
the source and the destination as the initial hop count.
We then derive the probability distribution functions of
hop counts in a multihop path, considering that the
destination node may be roaming during packet
forwarding. Based on the analytical model, we can then
evaluate the cost and latency of different flooding
schemes for tarpet discovery.
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Abstract- Tn this paper, we study reliable multicast at the MAC
tayer for IEEE 802.11 Wireless LANs. In IEEE B802.1I,
multicast transmissions are unreliable in the sense that
mmulticast frames are transrnitted from the Access Point (AP)
without an ACK being returned from each receiver a5 in unicast
transmissions. As a tesult, transmitted multicast frames may be
lost due to collisions or errors. There are two types of reliable

multicast at the MAC layer proposed for 802.11 in the literature:

one is ACK-based and the other is a Jeader-based mechanism.
For the ACK-based mechanism, the AP monitors the frame
reception progress of all receivers and retransmits frames
whenever no ACK is received from any receiver; for
leader-based mechanism, the AP retransmits frames only when
no ACK frame is received from the selected leader. We analyze
their performance in terms of frame holding time at the AP, and
conduct simulation to validate our analytical model. We alse
propose a new channel acquisition and multicast netification
mechanism called RTS/CTS/SEQ to improve the performance
of existing work for reliable multicast in TEEE 802.11 WLANs.

Keywords: reliable multicast, TEEE 802,11 WLANs

L INTRODUCTION

In this paper, we analyze the performance of two
reliable MAC-layer multicast mechanisms for IEEE
802.11 Wireless LANs, In IEEE 802.11 [1], multicast
transmissions are unreliable in the sense that multicast
frames are transmitted from the Access Point without an
ACK being retummed from each receiver as in unicast
transmissions. As a result, transmitted multicast frames
may be lost due to collisions or errors. While reliable
multicast in the transport layer has been an active
research topic, this issue in the MAC layer for IEEE
802.11, has drawn much less attention. Currently, very
few protocols, such as Leader-Based Protocol (LBP) 2],
have been proposed for IEEE 202.11-based Wireless
LANs.

LBP works as follows. A receiver is selected as the
leader for the multicast group. The AP then sends a
multicast RTS (denoted as m-RTS) frame to all receivers,
and only the leader transmits a multicast CTS (denoted
as m-CT8) frame in reply to the AP. The AP is then
assured that the channel is granted and starts the
transmission of a multicast data frame. The leader sends
an ACK in reply if the data is received correctly, or sends
a NAX otherwise. If any other receiver detects a

transmission error, a NAK is sent. This NAK frame will
collide with the ACK, if any, sent by the leader. This
leads to the AP not hearing any ACK, and thus
retransmitting the lost frame.

Applying LBP tw IEEE 802.11 suffers from two
problems. One is the hidden termina) problem due to the
m-RTS in LBP serving both roles of channel acquisition
and multicast notification. The other is the poor
performance when the channel error rate is high. This is
because the receivers in LBP cannot access the frame
sequence number before the frame is received, as there is
no such fleld in the structure of RTS/CTS frames for
multicast. As a result, the performance of the error
recovery scheme for LBP degrades, particularly for lossy
channels.

In this paper, we analyze two types of reliable
multicast mechanisms at the MAC layer for IEEE 802.11
WLANs: ACK-based (e.g., [3]) and leader-based {(e.g.,
LBP in [2]). For the ACK-based mechanism, the AP
monitors the frame reception progress of all receivers
and retransmits frames whenever no ACK is received
from any receiver; for leader-based mechanism, the AP
retransmits frames only when no ACK frame is received
from the selected leader. Thus, the ACK-based
mechanism can be regarded as a centralized scheme, and
the leader-based mechanism, a distributed one. Since
LBP suffers from the hidden terminal problem, and has
poor performance when the channel error rate is high, we
will enhance LBP to solve these problems in this paper
and called the enhanced version of LBP as ELBP. Note
that since the work in [3] is designed for ad hoc networks,
we will also modify it for IEEE 802.11 WLAN with APs,
and called the modified version as “ACK-based
Multicast Protocol {AMP)." We will then analyze both
types of reliable multicast mechanisms based on AMP
and ELBP, and wverify the analytical model via
simulations.

The rest of the paper is organized as follows. In
Sec. II, the two reliable multicast mechanisms to be
analyzed are described. In Sec. III, the performance of
AMP and ELBP with respect to frame holding time is
analyzed. In Sec. TV, the analytical model is verified via
simulation. Finally, the paper is concluded in Sec. V.




II. RELIABLE MAC-LAYER MULTICAST

The ssues of reliable MAC-layer multicast can be
decomposed into two problems: (1) channel acquisition,
and (2) emor-recovery strategy. In what follows, we
propose a channel acquisition mechanisim, and enhance
the two types of error-recovery schemes (i.e., ACK-based
and LBP), which together will provide reliable multicast
transmissions for IEEE 802,11 WLANSs.

A. Channel Acquisition and Multicast Notification

In this paper, we propose a channel acquisition
mechanism called RTS/CTS/SEQ for IEEE £02.11. In
RTS/CTS/SEQ, the structures of both RTS and CTS
frames remain intact. The SEQ is a new control frame
defined as in Fig. 1, where TA represents the Transmitter
Address, and Sequence Control shows the sequence
number and the fragment number of the frame o be
transmitted,

fu-rTs ]E-| a-CTS FEI m-SEQ Iﬁ-l m-DATA |

1-RTS / u-CTS : unicast RTS / CTH
m-SEQ / m-DATA : multicast SEQ/ DATA,

Figure 1. The format of an SEQ frame

The RTS/CTS/SEQ exchange works as follows. A
receiver, say host X, is randomly selected 1o respond to
the RTS/CTS exchange. The AP sends a unicast RTS
frame to host X, and host X sends a unicast CTS frame in
reply after an SIFS period. The AP multicasts an SEQ
frame after an SIFS if the CTS frame is received
correctly, No one needs to respond to this multicast SEQ.
If the channel has been acquired after the previous
u-RTS/u-CTS exchange, the m-SEQ will not collide and
will thus achieve multicast notification. After another
SIFS, a data frame is multicast by the AP. Error recovery
described in Sec II. B then follows.

Ocrets: 2 2 6 6 2 4
Frame : Sequence
Conlrol Duration RaA TA Cantrol FCS

MAC Header
Figure 2. The RTS/CTS/SEQ exchange

B. Error Recovery

Two protocols are proposed for error recovery: (1)
an ACK-based scheme called ACK-based Multicast
Protocol (AMPY), and {2} an enhanced LBP scheme called
ELBP. Both protocols are based on the RTS/CTS/SEQ
exchange for channel acquisition and multicast
notification.

1) AMP

After the RTS/CTS/SEQ exchange and data
multicast, the RAK/ACK exchange follows. The AP
polls each multicast receiver in turn via a Request for
ACK frame (denoted as RAK) and each receiver sends
an ACK in reply after an SIFS. If no ACK is heard for a
RAK, the AP records the unsuccessful receiver, say host
Y, and contends the channel for frame retransmission.
After the frame is retransmitted in multicast, the AP
resumes the polling, starting from host Y. This process
repeats until all multicast receivers have completed a
RAK/ACK exchange.

2) ELBP

After the RTS/CTS/SEQ exchange and data
multicast, the AP waits for an ACK from the leader
selected by a leader election procedure as in [2]. As in
LBPF, if no ACK is heard from the leader within a period
of time, the data is retransmitted in multicast.

However, the operation of non-leader hosts is
different from LBP, in which non-leader hosts send a
NAK to collide with the leader’s ACK whenever the
received frame is in error, regardless of whether this
erroneous frame has been received successfully before or
not, due to the unknown sequence number. In ELBP,
because of the announcement from SEQ frames,
non-leader hosts send a NAK only when the following
multicast frame has not been received correctly yet, and
stay quiet for any retransmitted frame which has been
received successfully before. As a result, ELBP can
effectively eliminate the redundant retransmissions
caused by LBP.

Note that together with the RTS/CTS/SEQ
exchange, ELBP can further eliminate the hidden
terminal problem suffered by LBP. For LBF, a u-RTS
from a hidden terminal of the leader, say H1, may collide
with the AP's m-RTS, which may destroy the
functionality of multicast notification between the area
covered by the AP and Hl. However, the multicast
notification in ELBP is provided by SEQ frames, instead
of m-RTS frames. Therefore ELBP and AMP are free
from the hidden terminal problem thanks to the
RTS/CTS/SEQ exchange,

III. FRAME HOLDING TIME AT AP

In this section, the performance of both AMP and
ELBP with respect to frame holding time at the AP is
analyzed. The frame holding time is defined as “the zime
period from the start of an AP sending a certain
multicast frame to the end of the successful reception by
all members.™




A, System Model and Assumptions

R The number of multicast receivers in the
group

N The total number of stations in the WLAN,
including the AP

M The pumber of transmissions for all

receivers to receive a frame correctly

Ty The time to transmit an RTS, a CTS, an

SEQ and a multicast data frame, i.e.,

Tp =RTS+CTS+SEQ+DATA +35IFS

Trea The time to trensmit a RAK and an ACK,
ie.,
Tp,. = RAK + ACK + 2SIFS
Tk The time to transmit an ACK, i.e.,
Ty = ACK +SIFS
T The prebability that a station transmits a
frame in a slot
T The time of a successful transmission slot
T The time of a collision slot
Titre _sior_| The duration of an idle slot
T sor | The average slot time observed by the AP

in the contention phase for AMP and
ELBP
Table 1. Notations used in the analysis

Consider a system consisting of N stations,
including the AP, forming a single subnet. There are R
receivers belonging to the multicast group, ie., R<¥, and
the multicast flow is transmitted from the AP to each
multicast receiver. In our model], all stations are located
in the transmission range of the AP, The error probability
of each link from the AP to a receiver is assumed
independent and identical, and denoted as p,. Thus, a
station experiencing an error state does not imply the
links of any other stations are also in error.

We assume that all the stations operate
synchronously. The propagation time is assumed
negligible in the analysis. To simplify the analysis, we
further assume that all hosts transmit data based on the
RTS/CTS exchange, and RTS, CTS, SEQ, ACK and
NAK frames will not be lost or received in errors. Thus,
the performance results may be thought of as the upper
bounds of the real-world performance.

All stations are assumed backlogged. Tn other
waords, the outgoing queue of each station always has at
least one frame to send, and each station always tries to
access the channel to send out the frame. In this analysis,
we do not consider the hidden terminal problem and the

capture effect of the CSMA/CA protecel. The notations
used in the analysis are summarized in Table I,

B. Number of Transmissions

Let A denote the number of transmissions for an
m-data (i.e., multicast data frame) to be received
correctly by all R receivers. In [4], the pdf and the
expectation of transmissions for R receivers to receive a
frame correctly are expressed as follows.

PUM = ) = i[RJ ) et - m=12,

(=g

= £ ‘R i+] ]
E[M]=Zm-P(M=m)=E(.](—I) .-
m=i = AT -2

C. DCF s Backaff Model
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e
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Figure 3. The two-state Markov chain for IEEE §02.11

In [5]), the exponential backoff mechanism of an
IEEE 802.11 station can be modeled as a two-state
Markov chain shown in Fig. 3. The state of the Markov
chain is defined as {s(t), b(t)}, where s(1} is the backoff
stage of the station at time t, and b(t) is the backoff count
for a piven station at time t.

Let P. denote the probability of a collision for a
frame being transmitted on the channel, Thus,

P =1-(-)" (1)

= 2(1-2F)
T U-2P )W, + )+ PW,(-(2P)")

@

:
Inverting (1), we obtain 7 =1-(1-pP)*? 3)

Together with (2) and (3), P, and T can be solved by
using numerical techniques.




D). Analysis of Frame Holding Time

1) AMP

Let X ,,;» denote the frame holding time of AMP.
Thus,
E[X ,p)= EIM]-Tp +(R + EIM] -1} - Ty,

+ (ELM]~1) [DIFS +("Tq3-T w9

where ¢=1(1-1)"", and

T

w _ Slot

—-Ne(l-7Y""}) T

The first term in (4) corresponds to the total time from
when the AP starts sending a multicast frame unti] it is
successfully received by all receivers. This is equal to the
mean number of multicast frame transmissions, each
with T, =RTFS+CTS +SEQ+ DATA+35IFS . The
second term is the total time for the AP inquiring the
receivers until an ACK is received from all receivers,
This is equal to the mean number of RAK/ACK
exchanges for a data frame being received successfully
by all receivers. Since the AP should at least inquire R
receivers, and poll the failed receiver again after each
retransmission, it comes to a total of R+E[M]-1
RAK/ACK exchanges, each with
Tps = RAK + ACK + 25IFS.

The third term in (4) corresponds to the total time
of the AP contending for channel access. Each m-data

E[M]-1

retransmission, the AP contends the channel after waiting

experiences retransmissions, For  each
a DIFS. Since the successful transmission probability of
a frame sent by the AP is g=7{1-7)"", the mean
slots between the

transmissions of two frames, which is a geometric

number of time successful
distribution with parameter g, is (1-g)/g, and the mean
time of each slot in this peried is 7, .. Thus, the
mean contention time for each retransmission is
((1—¢)/q) T, oo yiclding the total time as

(ELM)-1)-[DIFS + (=2 T,, ],
L,

T

av_slot

is calculated as follows. The probability
that the AP sees an idle slot during the contention phase
is (1-7)", which takes time 7, The probability

idle _ slot ®

== Ty o + (N =D{l=7)" Lo +[1-(1 -)*

that the AP observes a success in transmission caused by
any other host is (N —1)z(t- 7}"", which takes time
T, . The AP detects a collision with a probability of
1-(1-1)* - Nr(1-7)*", and a collision slot takes time
T.. Thus,

T o =1 Tt +(N=Drl-0) T +1-(1-1)"

~Ne(l- )] T

2y ELBF
Let X, denote the frame holding time of
ELBP. Thus,

E X g5p]= EIM]- (T}, +T 4o ) +(EIM]-1)-

(DIFS+(=%).T,, ] ©)
T,

The first term in (5) corresponds to the total time
from when 2 multicast frame is sent until the frame is
correctly received by all receivers. Again, the mean
number of times each frame is transmitted is E[M], and

each transmission takes T, + 7, . Thus, it spends

E[M]-(T, + T, ) in total for an m-data. The second
term is the time for the AP contending the channel for
successfully sending an m-data.

IV. PERFORMANCE EVALUATION

In this section, we provide simulation results to
validate our analytical models. The physical parameters
used in the simulation follows the IEEE 802.11a standard:
data rate: 54Mbps; an idle slot: 9us; an SIFS: 16ps; a
DIFS: 34us; an RTS: 20 octets; a CTS: 14 octets; data
frames: 2304 octets; an ACK: 14 octets; MAC overhead:
28 octets, CWmin: 16; CWmax: 1024,

Fig. 4 shows the performance of LBP, AMP, and
ELBP. We see that both AMP and ELBP outperform LBP
in terms of the AP’s throughput, defined as the inverse of
the mean frame holding time at the AP. Note that LBP’s
thronghput is very poor at high emor rates. The
performance advantage of our proposed protocols is
thanks to the proposed channel acquisition mechanism.
Figs. 5§ (a) and 5 (b) compare the analytical models of
AMP and ELBP with the simulation results. The three
pairs of curves in each figure correspond to three
different sets of channel error probabilities. The lower
the error rates, the lower the frame holding time,
maiching our expectation. In all cases, all pairs of curves
in both figures show that both simulation and analytical
results match very well.
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Figure 5. Analytical and simulation results

V. CONCLUSION

In this paper, we have analyzed the two types of
reliable multicast protocols at the MAC layer for IEEE
802.11 WLANs: AMP and ELBP. Both protocols are
based on the proposed RTS/CTS/SEQ exchange for
IEEE 802.11 WLANs, and are derived from existing
works. From the simulation, the performance of AMP
and ELBP are both superior to that of LBF, thanks to the
channel acquisition mechanism RTS/CTS/SEQ. We have
conducted simulations to validate the proposed analytical
model. The results show that the simulation and
analytical curves match very well, showing that our
analytical model is excellent in describing reliable
multicast mechanisms for IEEE 802.11 WLANs.
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Abstract—1In this paper we analyze the problem of trans-
mitting MPEG-4 video over IP when senders use a TCP-
friendly rate conirol protocol. This paper is focused on solving
the challenging issues in application layer, compression layer.
With this aim, we provide a solution called "SARS™ {Smoothed
and Adaptive Rate-control Scheme) in compression layer and
application layer for an MPEG-d video transmission system
and discuss the characteristics of each its elements. The SARS
contains three main components, including YFRS module, LD
muodule, and RSF module. The TFRS module provides a smoothed
rate and helps the video encoder to generate smoothed video
quality, The LD module helps the video encoder to meet its
target closer and lowers the transmitting delay. The RSF module
provides an adaptive rate control scheme, reduces the number of
skipped frames, and makes a smoother presentation, The overall
performance of SARS will be evaluated in the CBR scenarios
or VBR scenarios. We also evaluate the performance of SARS
over several rate based congestion control protecals such as RAP,
TFRC and TMRC.

Index Termis—real-time MPEG-4, adaptive rate control, linear
source model

I. INTRODUCTICN

With the ever-growing amount of the transmission band-
width on the Internet, the range of applications being deployed
today is getting wider than it was a few years ago. In addition
to traditional applications such as E-mail, FTP, and the World
Wide Web, the Internet enables people to use it as the transmis-
sion medium for varions kinds of applications. Applications
that rely on the delivery of real-time video, such as Internet
television, unicast video-conferencing, IP telephony, distance
learning, and video-on-demand, are gaining a lot of attentions
(4] and are able to change the way people watch video and to
compete with traditional distribution methods of video content,
such as broadcasting video over airwaves or cable networks.

As streaming video over the Internet, there exists a major
problem that Internet only offers best effort services. There
are no guarantees on bandwidth, packet-loss ratio, and end-
to-end delay while the delivery of real-time video has these
requirements. Specifically, these characteristics are unknown
and dynamic. Therefore, designing the protocols and mech-
anisms in a real-time video streaming system has three key
challenging issues.

The first issue is the bandwidth problem. In order to provide
an acceptable perceptual guality, a minimum bandwidth is

required for real-time video streaming applications. Actually,
available bandwidth in Internet today is dynamic, If excessive
flows transmit data faster than available bandwidth, congestion
coliapse occurs. The throughput of other flows will be reduced
and the transmission of the ream-time video streams is affected
due to congestion collapse [5]. The second issue is the packet-
loss problem. In worst case, receiver will unable to have a
completely reconstructed video frame due to the lost of video
packets. High packet-loss ratio is also caused by congestion
collapse. The third issue is end-to-end delay problem. Real-
time video streaming is delay constained (e.g. 150ms for
interactive applications and 500ms for video on demand) and
the playing of video at receiver is continuous. If a video frame
is not received and played out in time, the video frame is
considered useless and the effects can propagate. Excessive
delay is also introduced due to network congestion.

Thus, in order to solve the problems addressed above, there
are two typical approaches can be adopted [6]. The first ap-
proach is to enhance the the current Internet architecture with
support for QoS flows to guarantee bandwidth, end-to-end la-
tency, and packet-loss. IETF (Internet Engineering Task Force)
has defined two models: IntServ (Integrated Services) [7]
and DiffServ (Differentiated Services) [8]. However, there are
challenges and drawbacks, such as the needs of provisioning
for DiffServ, billing and monitoring, and loss of granularity.
One of the biggest drawbacks of both the IntServ and Diff
Serv medels comes from the fact that signaling/provisioning
happens separate from the routing process. Thus, there may
exist a path in the network that has the required resources,
even when DiffServ fails to find the resources. Furthermore,
the deployment of QoS-support nodes for IntServ/DiffServ in
the current network is still difficult and premature due to the
huge cost.

In contrast to the first approach, the second one is to
introduce control techniques at the end systems without any
support from the network. The installation of QoS-support
devices in the Internet which changes the Internet architecture
to guarantee (QoS. The end systems with control techniques
can then achieve the requirements which described above and
adapt to the changing network condition. It is the feasible and
required approach at present and for the future, Therefore, an
general end-to-end real-time video streaming system which
employs contro] techniques can then be illustrated in Fig. 1 as




a layer-structure system [30]
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Fig. 1. Layer structure of an end-to-end real-time video streaming system.

The system consists of application layer on the top, com-
pression layer and transport layer, They are described as
follows:

Application Layer: It defines the maximum end-to-end
latency and the acceptable visual quality in this layer. The
real-time video streaming applications are subject to different
end-to-end latency constraints.

Compression Layer: It is the video encoder that provides a
wide range of coding bit rate and encodes the live video based
on adaptive rate control algorithm,

Transport Layer: It is required to estimate the bandwidth
and to control the streaming flows’ throughput in order not to
exceed the available bandwidth or congestion will occur.

The challenging issues of bandwidth, end-to-end latency,
and packet-loss consist in Compression Layer and Transport
Layer. We discuss the approaches for Transport Layer and
Compression Layer to solve the challenging issues.

a) Transport Layer Approach: A transport protocol which
employs a control technique provides a good solution to solve
the challenging issues in this layer. The transport protocols,
Transmission Control Protocel {TCP) and User Data Protocol
(UDP), are the most dominant transport protocels in the
packet-switched network,. TCP is designed for the reliable
transimission, either on the congested or light-loaded network.
On the TCP connection, slow start and congestion avoidance
mechanisms will be applied to aveid congestion. However, the
TCP transpert protocol is not suitable for these real-time video
streaming applications because of its complex retransmission
tnechanism, which introduces delays, and the excessive bursti-
ness of the traffic fransmitted. For this reason, UDP, which
makes no attempts to retransmit lost packets is mote suitable
for video streaming applications as the transmission protocol.
The design methodology for UDP is arriving the destination
as quickly as possible. Since the real-time video streaming
applications are usually built on the top of UDP, UDP does
not embed any congestion control mechanism and results in

negative impacts on the Internet. These excessive streaming
flows using UDP as the transport protoco] affect other com-
peting flows and reduce the network utilization. Therefore, an
adaptive, end-to-end congestion control protocol for real-time
video streaming applications is expected to be introduced in
the end-systems: 1) to react to network congestion, 2) to adjust
sending rate to avoid congestion collapse; and 3) to keep high
network utilization and low packet-loss ratio. There are two
types of such contro] schemes, window-based and rate-based,
are adopted to control the traffic flows. There exists a long
propagation delay in window based method. The rate based
method is more attractive for real-time multimedia traffic then
the window based method.

In reaction to packet-loss due to network congestion, there
are generally two methods to control erTors caused by packet-
loss in Internet video transmission, namely packet retrans-
mission [9] and Forward Error Correction (FEC) [10], [11].
The idea of the FEC is to generate redundant packets at the
gender, which can be used at the receiver to recover lost video
data packets as long as the number of lost packets does not
exceed the error correction capability of the FEC code. The
most popular FEC code is the Reed-Solomon codes. As for
retransmission-based error control method, ARG (Automatic
Repeat reQuest), the sender attempts to retransmit the lost
packets upon receiving the packet retransmission requests. It
is only feasible to recover burst loss with minimum cost of
network bandwidth if round trip delay is low [12].

b) Compression Layer Approaches: State-of-the-art video
coding standards, such as H.263, H.263+, H.264, and MPEG-
4, are designed for transmission of video on the Internet. H.263
is a provisional ITU-T standard coder for video-conferencing.
It was designed for low bitrate communication, early drafi
specified coding bit rate less than 64Kbits/s, however the
limitation has now been removed. H.263 was later extended
to H.263+ (version 2) and H.263++ (version 3).

MPEG-4 video coding standard, unlike previous standards
from the Motion Pictures Experts Group Consortium (MPEG-
1 and MPEG-2), is gaining increasing acceptance and offers
the digital video community an open standard in the face
of the dominant, yet proprietary, digital video formats from
RealNetworks and Microsoft [13]-[16]. It provides a wide
range of coding bit rate and resolution to perform adaptive
encoding.

In addition, there are generally two method to control
errors due to packet-loss, namely encoder error resilient tools
and decoder error concealment techniques. MPEG-4 video
coding standard provides an error resilient tool to add periodic
resynchronization points into the encoded bitstreams. Such
a too] limits the impact of the incorrect data within a iocal
area because the decoder the option of advancing to the next
resynchronization point to continue decoding when it encoun-
ters an error. The decoder error concealment technique is to
employ some algorithms to reconstruct the lost information
from the already received data. If the reconstruction errors
caused by using error concealment techniques are small, they
are tolerable to human eyes.

However, an video encoder with error control techniques 1s
still not enough for solving the challenging issues in this layer.




Therefore, an video encoder which embeds the adaptive rate
control schemes or supports scalable coding mode is needed
to combat these these problems. The adaptive rate control
schemes allocate the target bit rate to each frame for video
encoding, control the bit rate generated by video encoder,
and adapts to the time-varying available bandwidih. If the
coding bit rate of a frame is conmolled well, the frame can
be transmitted, received, played out at receiver on time if no
packet-loss occurs.

The remaining of this paper is organized as follows. In
Section 11, we briefly review recent researches on the end-to-
end congestion control mechanisms and rate control schemes
in the video coder. The proposed scheme SARS is detailed
in Section IlI. The performance comparison of S4RS and the
rate control scheme in [1} under CBR and VBR and over
several rate based congestion control protocols are evaluated
in Section IV. At the end of this paper, we summarize our
study and point out the future works in Section V.
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The main components of a common rate control scheme in a video

A conventional rate control scheme in a video encoder is a
technique used to determine the target bit rate R of each en-
coded frame and maintain a good visual quality and minimize
the distortion measure 2 under a limited bandwidth constraint
[23]. The distortion D means that the difference between the
original source picture and the reconstructed picture afier it
has been decoded. In typical transform coding, both the hit
rate R and the distortion D are controlled by the quantization
parameter. The rate control scheme allocates the bit budget
to each group of pictures (GOP), individual picture and/or
macroblock in a video sequence and derive the quantization
parameter from a wide range of quantization parameter sets,
The conventional rate control scheme embedded in the video
encoder generally has two components as shown in Fig.2.

» Rate Control : It consists of the rate atlocation and the
skipping frame mechanisms. In rate allocation, it estimates
the number of bits available to encode the frames in the video
sequence. Video delivery over the Internet meet the constraints
imposed by the changing network conditions. The allocated bit
rate has to adapt to the time-varying available bandwidth, In
order to keep the below the pre-defined threshold of end-to-
end latency, the skipping frame mechanism is initiated.

» Source Model : The source model is used to help the video
encoder to produce the output bit rate closer to its target.

We briefly review current researches related to these two
components in the following sections.

1) Researches on Source Model for Video Coding: A source
model, aka rate-quantization model, for video coding is the
most important part of a rate control scheme. The rate-
quantization model defines the relationship between the coding
bit rate and quantization parameter. A suitable quantization
parameter used for encoding a frame or a macroblock to
achieve the target bit rate is derived from the rate-quantization
maodel,

Many conventional rate-quantization model adjust the quan-
tization parameter based on the rate-distortion (R-D} theory.
Ding et al. [24] proposed a rate-quantization model based
on an expenential equation coupled with several control pa-
rameters, A feedback re-encoding method is developed with
the rate-quantization model. It is claimed that the model
is accurate and the computation i modest, However, the
computational complexity is actually very high and the re-
encoding method is not suitable for real-time video streaming.

In [25], [26], the logarithmic rate-quantization model is
proposed. This source mode] which is derived from classic
R-D theory is used to predict the R-D characteristics and the
coding bit rate of a frame is adjusted to ensure minimum
perceptual quality. A quadratic/second-order rate-quantization
model, which was proposed by Chiang and Zhang, was used
to predict the frame bit rate from distortion measure and
quantization parameter [27] and it was adopted as a rate
control tool in MPEG-4 verification model. Lei et al. [28],
[29] proposed an efficient and low-delay macroblock layer rate
contrel algorithm based on a Lagrange optimization technique
and this rate control scheme was adopted as a rate control
tool in test model TMNR and a rate control tool with some
modifications in MPEG4 verification model. Lee et al. [30]
proposed a scalable rate control (SRC) scheme for different
coding granularity including the frame level, the object level
and the MB level. The proposed rate control algorithm was
also based on the quadratic rate-distortion model. It was also
adopted as part of the rate control tool in MPEG-4 verification
model.

However, the rate-distortion theory used by these source
models is the branch of information theory and it makes two
assumptions. First, it assumes that the source statistics are
Laplacian or Gaussian distributed and uncorrelated. Second,
it assumes that the coding bit rate is approximated by the
empirical entropy. Actually, these two assumptions are not
entirely correct [31). There will be a large mismatch between
the target bit rate and the actual coding bit rate, especially at
a lower bit rate, using the rate-distortion theory [32].




He et al. [2}, [3] proposed a linear source model which
defines the finear relationship between the percentage of non-
zero among quantized DCT coefficients and the coding bit
rate. The coding bit rate is strongly proved to be a function of
the percentage of non-zero quantized coefficients. The lincar
source model is used to predict the coding bit rate and de-
termine the quantization parameter for encoding macroblocks
in a video frame. In contrast to the theoretical rate-distortion
model, new concepts are introduced in this source model. The
number of zeros among DCT coeefficients play a key role in
transform coding and the coding bit rate is also a function
of percentage of zeros among the quantized DCT coefficients.
However, the process of encoding macroblocks is macroblock
by macroblock and the use of percentage of non-zeros among
the quantized coefficients means that the non-zero coefficients
are evenly allocated to each macroblock. A macroblock will
be assigned a larger quantization parameter if it contains more
non-zero DCT coefficients. But the macroblock may need
more bits to encode it’s texture to provide a better quality.

2) Researches on Rate Control for Video Coding: A rate
control algorithm generally includes three steps. A fixed size of
buffer based on the maximum acceptable latency is determined
in the first step. The second step is to estimate the target
bit rate according to the buffer occupancy, remaining bits in
this video sequence and available bandwidth. The allocated bit
budget can then be applied on the source models to derive the
quantization parameter. The final step is to control the buffer
occupancy and start the frame skipping mechanism if buffer
overflow occurs,

Many researches focus on the MPFEG-4 Q2 rate control
algorithm which is based on the quadratic rate-distortion
model [27], [30], [33}-[35]

Pan et al. [36] proposed an improved MPEG-4 Q2 rate
control scheme by modifying the calculation of target bit rate
for P-frames. It introduces a weighted bit budget allocation
algarithm for P-frames that the P-frame nearer to I-frame is
allocated more bits than other P-frames. The perceptual quality
of the reconstructed video is improved in this scheme.

However, the MPEG-4 Q2 rate control schemes [27}, [30),
[36] are heuristic and are designed for CBR applications which
are not suitable for real-time streaming video on Internet.
In [1], Li adopted the fluid-flow traffic model and the hin-
ear tracking theory to calculate the target bit rate and the
quantization parameter for P-frames corresponding to time-
varying available bandwidth, Li’s rate control scheme divides
the allocation of target frame bit rate into two steps. The first
target bit rate is determined based on the target buffer Jevel
and current buffer level, The final target bit rate 13 determined
based on the first target bit rate and remaining bits of a GOP.
There is a problem with such an adjustment. If target buffer
level is low and current buffer level is high, the first target
bit rate is possible to be negative. But the final adjustment
with remaining bits will make the target bit rate positive, The
buffer level thus remains increasing and is unable to mneet the
target buffer level. If the rate decreases suddenly, the buffer
overflow will oceur. Furthermore, there is alsc a problem with
the skipping frame control. It is possible to cause frames to
be skipped continuously even some frames had already been

skapped.

B. Congestion Control

Much attention has focused on developing congestion con-
trol algorithms for streaming media applications in recent
years. A congestion coniro] protocol have to provide the
following characteristics:

o TCP-friendly Non-TCP flows long-term throughput does
not exceed the throughput of a conformant TCP connection
under the same conditions [5]. Thus, a congestion contrel pro-
tocol should provide a sending rate that is close to competing
TCP flows to achieve TCP-friendly.

» Smoothness A congestion control protocol should provide
a smooth sending rate that the variations are small over time
even with accidentally packet loss.

« Aggressiveness If the available bandwidth is getting much
motre, a congestion control protocol should increase sending
rate as fast as possible to improve the network utilization.

» Responsiveness With the change of network condition
that the occurrence of congestion becomes more and more, a
congestion contro] protocol should decrease the sending rate
as fast as possible.

There are tradeoffs among smoothness, aggressiveness and
responsiveness. A smooth sending rate, which is less sensitive
to the change of network condition, is less aggressive and
responsive.

Existing congestion control protocols can be roughly di-
vided into two categories; window-based and rate-based,
Window-based congestion control protocols use a AIMD-
like method to increase or decrease the congestion window
[37], [38]. But the window based congestion conirol is not
suitable for streaming applications. The rate-based congestion
control, including RAP [39], TEAR [40], LIMD/HD [36],
TFRC [41], and TMRC [42], provide a more accurate formula
for the sending rate to make flows perform TCP-friendly. We
briefly describe AIMD-based and equation-based rate based
congestion control protocols in the following sections.

1) AIMD Based: [39] presents the Rate Adaptation Pro-
tocol (RAP), which employs AIMD algorithm, Its primary
goal is to be fair and TCP-friendly while separating AIMD
network congestion control from application-level reliabilicy.
RAP, in the absence of packet loss, increase the transmission
rate in a step-like fashion, The transmission rate is controlled
by adjusting the inter-packet-gap(IPG). The transmission rate
is computed by dividing the packet size by inter-packet-gap.
Basic RAP behaves in a TCP-friendly in a specific range of
likely conditions, but the author also devised a fine-grain rate
adaptation mechanism to extend this range frther.

LIMD/H (Increase Multipiicative Decrease With History)
{43], similar to RAP [39], uses AIMD for rate contrel instead
of window control and it is based upon the RTP/RTCPE.
Additionally, it uses the history of losses across measurement
periods to adapt its backoff strategy, LIMD/HD [36] is an
augmentation of the LIMD/H. It defines five cases to adjust
the sending rate: 1) packet-loss ratio is reduced abruptly; 2)
packet-loss ratio is reduced gradually; 3) packet-loss ratio is
increased graduaily; 4) packet-loss ratio is increased abruptly;




and 5) no RTCP packet is received within 3s. The rate
increasing/decreasing are different in each case, especially the
rate is halved in case 5. However their increase rule is stll
additive. These two protocals result in lacking aggressiveness
and convergence-to-fairness [44].

2} Eguation Based: TFRC [41] is proposed to be a TCP-
friendly, rate-based and end-to-end congestion control protocol
for unicast traffic. The TFRC sender explicitly adjusts its
sending rate as a function the measured rate of loss events
by receiver and ensures fair behavior against competing flows.
Instead of reacting te single congestion event {e.g. packet loss),
TFRC changes its sending rate in response to the loss rate,
sampled over a single round-trip time. It is desirable to feature
of delivering maximally smooth, TCP-friendly transmission
rate. However, it is characterized by very slow responsiveness
to changing network conditions. It also result in lacking the
agEressiveness.

TMRC {42] is proposed based on a new approach using
time-based model for TCP-friendly rate estimation. The av-
erage TCP sending rate in the time-based model, instead of
collecting packet Joss rate, is measured as a function of the
packet size, round-trip time and the congestion event period.
As the results shown in [42], TMRC exhibits good aggres-
siveness and responsiveness and provides smoother sending
rate.

Motivated by the above discussion, the problems dealt with
in this paper arise from the fact that although the many
rate based congestion control algorithms, such as RAFP {39],
TFRC [41] and TMRC [42], were proposed to support real-
time video streaming applications, they focused on achieving
the friendliness, aggressiveness, and responsiveness to be a
suitable congestion control on lnternet. Li et al [1] proposed
a real-time video coding system . However, as mentioned
above, the source model which this system adepted can not
it’s target bit rate and it’s computational complexity is a little
bit high. Additionalty, the allocation of target bit rate in Li’s
scheme will cause the increasing of buffer occupancy and
the frame skipping mechanism in Li’s rate control scheme
is not correct so that the number of skipped frames is
still high. A MPEG-4 real-time video streaming applications
using these rate based congestion control protocols as the
transport layer protocol is still an attractive topic. However,
the fast changing of the estimated sending rate makes an
uncontrolled real-time video streaming applications unable to
meet its delay constraints and also causes the fluctuating video
quality. Therefore, this paper starts from considering a real-
time MPEG-4 video streaming system concerning the use of
an rate based congestion control protocol as the transport layer
protocol and the SARS (Smoothed and Adaptive Rate-control
Scheme) which cooperates with the estimated rate reported
from transport protocol. Note that we do not consider the error
control techniques in this paper.

The rate based congestion contro] protocol allows the real-
time streaming applications in the sender to know the available
bandwidth and helps them to reduce the packet loss ratio while
competing with other flows on Intemnet. The S4RS, including
TERS module, LD module, and RSF medule, is thus introduced
in the real-time streaming applications. The TFRS module

is a TCP-friendly rate smoother with memory wiper which
periodically average the rate reported from transport layer.
The LD module is 2 linear source model for video coding
which helps the video encoder to meet its target closer and
lower the delay. Considering the number of non-zero among
DCT coefficients are discarded afier quantization, there must
exists another relationships between the number of non-zero
quantized coefficients and the coding bit rate. We need to
model these relationships to met the target bit rate more
accurately for video encoding and provide better perceptual
quality. For the RSF module, it can determine the target rate
for video encoding based on the rate reported from the rate
based congestion control protocols and reduce the number of
skipped frames. In order to adapt to dratical changing network
conditions, further adjustment is also needed in the rate control
scheme. We target io provide the solutions for solving the
issues of delivering real-time MPEG-4 video over the Internet
when end systems adopt the rate based congestion control
protocols and to evaluate the performance of our solutions.

1. SARS : SMOOTHED AND ADAPTIVE RATE-CONTROL
SCHEME

A. Overview of The Svstem Architecture

In this section we describe the whole system architecture
proposed in this paper to transmit ream-time MPEG-4 video
over rate based congestion control protocols. There are two
objectives in this system. The first objective is that the system
has to regulate the output bit rate that adapts to the time-
varying available bandwidth. The second objective is coding
bit rate allocation and coding bit rate adjustment for the
MPEG-4 video encoder. The bit budget will be allocated
before encoding and controlled during the encoding process.

The whole system architecture is depicted in Fig. 3, where
four main components of the systemn are presented: the TCP-
friendly Rate Control, the TFRS Module, the LD Module,
and the RSF Module, whose functions are described in the
following sections.

B. Bandwidth Adaptation: TCP-friendly Rate Control

Internet conditions change with time; as a result, real-
time application should tailor their transmission rate in a
manner that achieves high utilization while sharing bandwidth
appropriately with competing traffic (e.g., Email, web traffic,
etc.). Additionally, the quality of the received video should
react to the available bandwidth, so that users receive the
highest possible quality video for their available bandwidth.

In order to adapt to time varying channel bandwidth appro-
priately, real-time streaming applications must:

eAdapt to transient changes in available bandwidth by
applying congestion control scheme in the transport layer, and

s Adjust the coding bit rate adapt to the estimated available
rate

A rate based congestion control protocol provides an esti-
mated tcp-friendly sending rate calculated either from receiver
or at sender. Every time an estimated rate report is received
from receiver or calculated at sender, the sender reacts with
the report of rate to adjust its sending rate with the new
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one. We denote the T54.{n) as the nt* estimated tcp-friendiy
sending rate. The event of changing rate and the information of
Trate () are then passed to the Rate Smoother component. The
transmission of packets will be schednled vsing an transmitting
packet interval,

C. TFRS Module : 4 TCP-friendly Rate Smoother with Mem-
ory Wiper

In multimedia streaming applications, the video encoder in
the compression layer plays an important role in available
bandwidth adaptation. However, to provide graceful quality
degradation, the rate for video encoding may not be varied so
frequently and a rate smoothing techniques has to be utilized.
The TFRS Module is to smooth the rate for video encoding
and It has three main functions, We depict it in Fig. 4,

The first function is to sample the estimated tcp-friendly
sending rate. A sampling timer which is represented by frames
is placed in the TFRS Module. If an event of timeout occurs,

the TFRS Module will obtain the newly estimated tep-friendly
sending rate T}q¢. to replace the old one. We define Sinterval
as the sampling time which is represented by number of
frames.

The second function is to wipe the memory of the rate. A
memory timer which is represented by frames is placed in the
TFRS Module. The memory wiper will wipe the history in
the EWMA filter if a timeout occurs. The new rate will be
passed through the EWMA filter and applied directly to give
the proposed rate control scheme SARS more responsiveness
to the TCP-friendly rate control protocols.

The third fanction is to apply the T,q on the EWMA filter
to get a smoother rate after getting the newer tcp-friendly send-
ing rate Tyqze. The Exponentially Weighted Moving Average
(EWMA) is a statistic for monitoring the process that averages
the data in a way that gives less and less weight to data as they
are further removed in time. The function of EWMA filter is
to adapt the bandwidth conservatively. This EWMA filter is
expressed as follows:

Tratesmontnes () = {1 — 7} X Tratesmoothea (n-1)
+'Y = Trate(n)

where N, is current number of coded frames, 7y is the
weighting parameter whose default value is 0.5, » and n-J
are the time that n** and n — 1% rate-change events occurred,
respectively.

The main reason behind this process is to help the rate-
adaptive video encoding to provide a consistent perceptual
quality. Thus, the weighting parameter of EWMA filter, the
sampling timer, and the memory timer play important roles
on the tradeoff between the bandwidth and quality adaptation.
If we shorten memory timer, sampling timer, and increase
weighting parameter, it help video encoder follow the behavior
required by tcp-friendly rate control but sacrificing the consis-
tency of video quality. On the contrary, keeping memory timer
long, sampling timer long, and weighting parameter low will
enable the video encoder to provide more consistent quality,
but the multimedia system becomes unstable.

(1)

D. LD Module : A Linear Source Model for MPEG-4 Video
Coding

1) Statistical Properties of Video Source: In digital video
compression, all significant coders employ the DCT and
quantization. The current video coding standards are based
on motion estimation, motion compensation and DCT trans-
formation, quantization and coding. A MB(macroblck) in a
frame is further divided into six smaller blocks and DCT is
then applied to each of the six blocks. After transforming, the
DCT coefficients are quantized. The process of quantization is
to do a division by the quantization parameter followed by a
rounding operation. Finally, the MB header, motion vector, and
DCT quantized coefficients are variable-length encoded and
multiplexed into the compressed bit stream. The compressed
bit stream rate are regulated by determining the guantization
parameter of the DCT blocks and are composed from threc
main parts:

e Header Bits




» Texture Bits

+ Motion Vector Bits

The nontexture bits are generally considered as invariant
number that could be predicted and excluded from the target
bit rate estimation. In order to estimate the texture bits, we
have to find out the relationship between the bit rate and
statistical properties of video source. Only the quantization
parameter ts not enough to represent the statistical properties
and mode!l the characteristic rate curve.

As mentioned in Section Il, all the source models are to
find the best expression for the coding bit rate R in terms
of the quantization parameter Q). In this section, we try
to derive another relationship between the coding bit rate
of a picture and the ratio of the non-zero DCT coefficients
and the non-zero quantized coefficients. The non-zero DCT
coefficients N Zpor are the amount of non-zero coefficients
in each MB after applying discrete cosine transformation
method. The quantized non-zero DCT coefficients V ZpCTg
are the amount of non-zero coefficients in each MB after
applying a specified quantization parameter, Twelve video
sequences, "Akiyo”, “Coastguard”, “Container”, "Dancer”,
"Flower”, “Foreman”, "Magbile”, "Mother”, “News”, "Paris”,
"Silent”, "Singer”, "Stefan™ and “Table tennis”, are chosen
for this study, We use the MPEG-4 ISO Reference coder [45]
and run it on the video sequence “Akiyo” using particular
values of quantization parameter ranging from 1 and 31. The
video coder outputs two types of frames. One is J-frame, and
the other is P-frame. I-frame is self-coded without motion
compensation and it always produces more bit count than P-
frame does. In order to look at the relation of bit count and
the ratio of non-zero DCT coefficients and non-zero quantized
coefficients, the curves shown in Fig. 5 are plotted using the
bit count and the non-zero ratio for both the horizontal and
vertical axes.

The ratio of non-zero DCT and quantized coefficients
NZ. 4o 18 defined as follow:

Nzrutio = N-ZDCTQ [I-NFZDCT (2)

I-frame interval size between the selected frames is 30,
which is determined to represent a general GOP length of
30. A noticeable point in Fig. 5(a) is that the rate-NZ, .40
characteristics exhibited a linear relationship over a wide range
of (Jp. To examine the above characteristics for the same
sequence, z similar simulation is performed on several P-
frames sampled from the “Akiyo” sequence and other video
sequence, including “Flower”, "Muobile”, and "Singer”. They
all show the same linear relationship.

2) Construction of Lirear Source Model: As mentioned
above, we observe that there is a linear relationship between
the coding bit rate R and non-zero ratio of transformed and
quantized DCT .coefficients N2, .4, We can see that the
coding bit rate R could be a linear function of NZ,..;,.
Therefore, based on these observations, the linear relationship
between R and N Z,.,4;, can be characterized by the following
expression:

R=xx JIVZTEHU (3)
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Fig. 9. The variation of model parameter x.

where x i1s the model parameter and it is the slope of the
approximation line and R is the coding bit rate represented by
bits per pixel.

The linear source model is an augmentation of the source
model proposed in [2], [3] and there is still only one model
parameter. The number of non-zero quantized coefficients can
be casily derived from (3). But the slope % is also a key role
in the linear source model, we provide an adaptive estimation
method for slope &,

3) Adaptive Estimation of The Model Parameter . Model
parameter « determines the slope of the 8-N Z, ;;, curve and
it is the only parameter of the proposed model. The values of
slope « for the sampled frames from those test video sequences
used by this paper is plotted in Fig. % for sampled frames. Tt
can be seen that the variation of each slope « is large,

Therefore, the model parameter « have to be adaptively es-
timated to achieve the target bit rate accurately. The estimation
methed is similar to the method in [2], [3).

Let NZpcr,, and NZg_ be the number of non-zero
DCT cocfficients and non-zero quantized coefficients in m!*
macroblock, respectively. Let R, be the actual coding bit
rate in m** macroblock. Let A be the number of encoded
macreblocks. Note that in a macroblock, there are total 384
coefficients. The model parameter & can be estimated using
the following expression:

T B y M NZper.,
384 % M Zf::l NZQm

The initial vatue of & is set to 7.6438,

Based on (3) and (4), the linear source model can be adopted
in the rate control scheme to provide lower delay, We will
discuss the linear source model based rate control scheme in
the next section.

4

=

E. RSF Module : A Reduced Skipped Frames ond Adaptive
Rate-control Scheme

The RSF Module is summarized and depicted in Fig. 10.

In the following sections, we describe the proposed adaptive
rate control scheme at different levels including GOP layer
rate control, frame layer rate control and macreblock layver rate
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control. The GOP layer rate control estimates the bit budget for
each GOP. The frame layer rate control estimates the bit budget
for each frame. The more accurate rate control, macroblock
layer rate control, estitmates the bit budget for each macroblock
and derfve the quantization parameter for encoding. In our
rate control scheme, we only consider the GOP structure as
IPPP..P.

1} tnitialization: As described in Appendix A, an fluid-flow
traffic model containing a virtual buffer is introduced. The size
of the virtual buffer is decided according to the time-varying
bandwidth and the pre-defined maximum end-to-end latency.
Let Digiency denote the maximum acceptable latency during
the transmission. For a given tep-friendly rate Tope, . 00ois
the size of the virtual buffer model B, is computed as follows:

85(01 0) = Trate,mnm;md X Diuteucy (5)

The size of the virtual buffer model is not fixed during
the real-time video streaming, it will be adjusted if the rate
Tratesmoones 15 changed, The use of such a virtual buffer
model is to assure that the video data in the buffer could be
transmitted out under the acceptable delay constraints.

2) GOP-Layer Rate Control: Before allocating the target
bit rate for each frame, we first estimate a rough bit budget for
an entire GOP at the beginning of each GOP. The calculation
of bit budget for each GOP is just becaunse the structure of a
GOP. A GOP always starts with an I-frame and the I-frame
15 always encoded using a pre-defined quantization parameter.
We can not know the actual bit rate until the [-frame is coded.
Therefore, we allocate the rough bit budget for each GOP
and the remaining bits for remaining frames can be calculated
after I-frame is coded. The target bit rate for each remaining
frames is then determined by the actual bit rate of }-frame and
remaining bits of a GOP.

We thus estimate it from the predicted available bandwidth
T rutesmporneq» frame rate and the total number of frames in a
GOP. Let Ngop denote the number of frames in the GOP and
there are one I-frame and Ngop - 7 P-frames.

The rough bit budget for *" GOP is calculated as follows:

RGOP(?.‘ 1} — Trate.m;omed (?’l-) x NGOP _ Bg (1 1) (6)

where Rgop(i,2) is the total number of bits for it* GOP, F..

is the frame rate, and By} 1} is buffer level at the beginning
of i** GOP.

It can be seen that the rough bit budget for each GOP is
determined by the draining rate, the value of Ngnp and the
current virtual buffer level. The draining rate is the number of
bits drained at each frame interval. In our rate control scheme,
the virtual buffer level after encoding each GOP should be kept
at 0 to assure that the frames are transmitted on time. If each
GOP can not meet the allocated bit budget afier encoding,
there will be video data left in the virtual buffer that is unable
to be transmitted at previous GOP interval. These remaining
bits of i** GOP in the virtual buffer will affect the target bit
allocation of i + 1** GOP. The rough bit budget allocated to
i+ 1** GOP will be less.

3) Pre-Encoding Stage of Frame-Layver Rate Control:
There are two stages in our frame layer rate control scheme,
The first stage is the pre-encoding stage and the second stage
is the post-encoding stage. We first describe the pre-encoding
stage of frame laver rate control in this section. The post-
encoding stage will be detailed in Section 4.3.5 due to the
macroblock layer rate control.

The most important processes in the pre-encoding stage are
to calculate the target bit rate for a frame.

Considering a frame is encoded and filled into the virtual
buffer while the transport layer drains the video data from
the virtnal buffer to packetize video packets for transmitting.
We could treat such a process as fluid-flow traffic model as
described in Appendix A. Therefore, we can calculate the
target bit rate for a frame based on the available bandwidih
and the encoding frame rate in the video encoder. The draining
rate 4 at each frame interval is also the same as the target bit
rate for a frame. The calculation is expressed as follows:

Rf (1,}) — d["l'-,.?) = Trﬂt-egrr;‘:thcd (ﬂ') (7)

where R} (¢,7) and dfij) are the target bit rate and draining

rate of ¥ frame in i** GOP respectively, Trore,. ..., (7t) is
the newest estimated rate, and F, is frame rate.

However, the I-frame of :*" GOP in our rate control scheme
is encoded with a pre-defined quantization parameter. It is
similar to the existing rate control schemes in [1], [30], {33].
The actual coding bit rate of an I-frame is unknown Gl it
is encoded and it is usvally larger than the coding bit rate
of P-frames. After an I-frame is encoded and filled into the
virtual buffer, it can’t be drained out completely at the interval
and part of the I-frame is left in the virtual buffer. The delay
is introduced if we still use (7) to allocale target bit rate to
the P-frames in the same GOP. Therefore, the excess bil rate
used by the I-frame must be paid by reducing the target bit
rate of other P-frames. A target virtual buffer level is used to
cooperate with the allocation of target bit rate for P-frames.
We define the tarpet virtual buffer level as a function of the




frame position in a GOP and compute it for each P-frame in
a GOP as follows.

TBy(i,j} = TB{t,7 - 1} — & &
TBi{i,1) = Bi(i,1) (9)
TBI(%])

= 10
P Ngorp -1 a0

Jt can be shown from (9) that we reset the target virtual
buffer level based on current virtual buffer level after coding
[-frame. We then gradually decrease the target virtual buffer
level by Ay, using (8) and set the target virtual buffer level
for j%" frame. 1t can be shown from (8) that the target buffer
level for the last P-frame is 0 to assure all the frames in the
GOP is transmitted out in time.

We now have the target virtual buffer Jevel for each P-frame
in it" GOP. The target bit rate for 7" frame in i** GOP can
be calculated based on the target virtual buffer level T B,(ij),
current virtual buffer level B(ij), encoding frame rate F,
and the available bandwidth Togte,oothea (). We divide the
allocation of target bit rate for j%* frame in i** GOP into two
steps :

Step 1: Allocation of target bit rate for 4t frame

Ry(ing) = Dtememnns™ 7306 5) - Bili,5) (1)
T

where R (i,j) is the target bit rate for j** frame in 1" GOP,
TB,fij) is the target virtual buffer level, and B;(ij) is the
current virtual buffer level.

1t can be shown from {113 that the target bit rate for the §**
frame is calculated based on the difference of target virtual
buffer level and current virtual buffer level. It is because that
the actual coding rate is impossible to be exactly controlled
as the same as its target.

4) MB-Layer Rate Control: The flow of macroblock layer
rate control is depicted in Fig. 11,

We divide the MB layer rate control into the following steps:

Step 1: Calculating the target bit rate Tasp

Before choosing the quantization parameter, we need to
allocate target bit rate to each macroblock. The sum of absolute
difference {SAD) for motion estimation provides important
information about the activities in the macroblocks. We thus
calculate the target bit rate for m** MB using the SAD
information. The calculation is expressed as follows:

. _ SAD g (i5m}
Rup(t.5:m) = 535, 51 % 1ol SAD (i)

u=0

—

Calculsle tarpet
: bl rate :

for this ME

Calculale NZ,,.,

Cakulale
rernaning bits
for remaining MBs

Encode
next frame

Fig. 11. The flow of MB layer rate control.

Step 2: Calculating N Zratio

We apply the target bit rate for m** MB on (3} to get the
non-zero ratio of quantized coefficients NV Zratia-

Step 3: Estimating quantization parameter

We train huge amount of data and store the mapping of
non-zero ratio N Z,4:, and quantization parameter in a table.
The quantization parameter Py g is determined by the pre-
trained lookup table.

Step 4: Encoding m!" MB

The quantization parameter Q.Pys 5 is applied for encoding
mt* MB.

Step 5: Update model parameter

The model parameter « is updated adaptively by using (4).

Step 6: Loop steps 1 1o 5 for the next MB until all the MBs
in the current frame is encoded.

5) Post-Encoding Stage of Frame Layer Rate Control: If
the sampling timeout occurs, the Traze,mpeunea 18 Te-calculated
by using (1). The remaining bit budget of ¢** GOP is adjusted
by the new Thase,,..nea- The adjustment of remaining bit
budget of it GOP is expressed as follows:

or(i,5) = Boop(i,j = 1)+ Boop ~ Al —1) (13)

T, ny— 71, -1
Acop = rate,.muu.gd( ) Frateamoo:m {n ) XNy (3)
T

(14)
where Ny, , (i} is the remaining frames to be encoded in

frame.

x(Rs{1,7) — Z:’:}l A M(, %;1 j,ﬂ]y}i*h GOP and A{i,j-1) is the actual coding bit rate of j ~ 13

where Rasp(ijm) is the target bit tate for m'® MB,
SADyafijm) is the sum of absolute difference in m** MB
of §** frame in i** GOP, SAD rame (i) is the amount of SAD
in all macroblocks of i** frame, and Aps (i) is the actual
coding bit rate of v** MB.

It can be shown from (12} that the more SAD a MB has,
the more bit rate it is allocated.

The virtual buffer level is increased by adding the actual
bits produced by the 7** frame in the i** GOP and decreased
by draining the bits from the virtua) buffer using (??}. If the
virtual buffer level is too high, we start the frame-skipping
control mechanism. The frames will be skipped until the
virtual buffer level is under a safe level. The buffer condition
15 expressed as foliows:




By(i,9) < p x By(i,5) (15)

where p is a constant and its typical value is 0.8.
Also, if buffer overflow occurs, the target buffer level
T Bij} will be recalculated using the following equation:

Trate wmoathed

TE(4,5} = Bi(i,§ — Nagipped) — I

X hrsk'i;pped

(16)

where Nyuspped 18 the number of skipped frames after the
frame-skipping control is started,

It can be seen from (16) that we reset the value of target
virtual buffer level as current virtual buffer level after skipping
frames. Therefore, Ap will also be recalculated using (10).

We provide a solution for streaming real-time MPEG-4
video over rate based congestion control protocols. We thus
demonstrate the performance of the proposed rate control
scheme in next section.

TV. SIMULATION RESULTS

Numerical experiments have been conducted to evaluate the
performance of our proposed rate control algorithm in this
section. We implement the proposed rate control algorithm in
the MPEG-4 video encoder [45]. The purpose of this section
is to demonstrate the following.

s Compared to rate control scheme proposed in [1], the
SARS controls the coding bit rate more accurately and keep
our buffer level closer to its target. Also, the perceptual quality
is improved using S4RS.

» Overall performance of SARS. The rate control scheme
is experimented over three rate based congestion control
protocols. The coding bit rate is adapted to the estimated
rate. The output bits from MPEG-4 video encoder can meet
the throughput of transport protocols. All the frames can be
transmitted out under the delay-constraints. The rate smoother
makes the quality deviation smaller and improves the overall
perceptual quality.

A. Performance Fvaluation of SARS under CBR and VBR

We consider two video sequences “Mobile” and "Paris”
in this scenario. The size of the video sequences are
CIF(352x28R). The frame rate is 30 fps. These video se-
quences are coded by the unit of GOP. The length of a GOP
is 60. The pre-defined quantization parameter for I-frame is
15. The experimental results are discussed in the following
sections.

1) CBR-768Kbps: The experimental results are plotted
from Fig. 12(a) to Fig. 13(d)

It can be seen from Fig. 12(a} that the variation of coding
bit rate in Li’s scheme [1] is large due to the source model
used in it can not help the video encoder to meet its target.
Fig. 12(b) shows the large fluctuation of buffer level by using
Li's scheme, while the buffer level can mieet its target in SARS.
The initial increase of the target buffer level at 59" frame in
L¥’s scheme is due to a large amount of bits remained in last
GOP. Fig. 12(c) shows the PSNR of each frame by using Li’s

e 167 oy
— T
{ L

Fig. 18. Target bit rate for encoding.

scheme and S4RS. It can be shown that, for S4RS, the PSNR
of P-frames nearer to I-frames are slightly lower than Li's
scheme, while the PSNR of P-frames at late part of a GOP are
higher than Li’s scheme. Fig. 12{d} shows the average PSNR
of each GOP. It can be shown that, for SARS, the average
PSMR has been improved slightly in this scenario. The results
in Fig. 13(a) - Fig. 13(d) also show the improved performance
by using S4RS.

2) CBR-312Kbps: Fig. 14(g) - 15(d) show the similar
results that we have tested in CBR-768Kbps scenario. Fig.
15(d) shows the average PSNR of each GOP of the sequence
“paris” by using Li’s scheme and S4RS. It can be shown that
the SARS produces much higher PSNR values than that of Li's
scheme,

3) CBR-256Kbps: Fig. 16({a) shows the actual coding bit
rate of each frame by using Li's scheme and S4RS. Tt can be
shown that, for SARS, the variation of coding bit rate is still
smaller than that in Li’s scheme. Fig. 16(b) shows the buffer
level variations of the test sequence "mobile” by using Li's
scheme and SARS. The initial increase of buffer level in Li’s
scheme is due to the control error. It can be seen clearly that
the frames are started to be skipped in the first GOP and the
skipping frame can’t be stopped by using Li’s scheme. It is
noted that by using Li’s scheme, there are 38 frames skipped,
while there are 15 frames skipped by using SARS. In Fig. 17(a}
- Fig. 17(d), the bits used by the I-frames in "Paris” video
sequence are smaller than that in "Mobile™ video sequence
and there are enough remaining bits for allocating bit rate to
other frames. The overall performance of SARS is stil] better
than Li's scheme.

4} VBR: The VBR scenario is a pre-test before we experi-
ment the SARS over tep-friendly congestion contro! protocels.
The target coding bit rate of these two test video sequences
are given in Fig. 18. The frame rate is 30 and the GOP length
is 60. The experimental results are shown in Fig, 19(a) - Fig.
20(d}.

Fig. 19(a) and Fig. 19(b) show the coding bit rate of each
frame and the variation of buffer level in test video sequence
"Mobile”, respectively. It can be shown that, for S4R5 in VBR
scenario, the fluctuation of coding bit rate is small and the
buffer level can meet its target, while the variation of buffer
level in Li’s scheme is large. Fig. 19(c) and Fig. 19(d} show
the PSNR of each frame and each GOP in test video sequence
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Fig. 21. Network Topelogy

“Mobile”, respectively. It can be seen clearly that, for Li's
scheme, the average PSNR of GOP is much lower than that
in SARS due to more skipped frames in Li’s scheme. It is
noted that by using Li’s scheme, there are 17 frames skipped,
while there are 9 frames skipped by using SARS. In Fig. 20(a)
- Fig. 20(d) show the experimental results of the test video
sequence “Paris”. It can be seen clearly that, for Li’s scheme,
the average PSNR of third GOP is higher than that in SARS
due to the high control error of coding bit rate at 130" frame.
However, the overall performance of SARS is still better than
Li’s scheme,

5) Summary of The Experimental Results: The experimen-
tal results are summarized in Table 1. It can been shown that
the performance of SARS is better than the rate control scheme
in [1]. The average PSNR is improved up to 1.7dB and the
number of skipped frames is reduced up to 23.

B. Performance Evaluation of SARS over rate based conges-
tion control protocals

In this section we will analyze the performance of the
MPEG-4 video transmission system described in Section III.
In order to analyze the performance of SARS over time-varying
available bandwidth, we implement the streaming function
in the MPEG-4 encoder with proposed rate control scheme
for network simulator (ns2) [46]. We first generate the traffic
trace from the network simulator (ns2) and then simulate the
MPEG-4 video streaming over rate based congestion control
protocols by using the traffic trace and our proposed rate
contro] scheme.

1) Network Topology: As a case study the experiments are
performed using a relatively simple network topology shown
in Fig. 21 with a bottleneck link. Ry and Ry are routers at
the both ends of the bottleneck link that congestion may occur
while traffic exceed to link capacity. Sy, denotes senders which
generate TCP, RAP, TMRC and TFRC flows and .. denotes
the corresponding receivers.

2) 2 TCP vs 2 Rate-Based Congestion Control Protocols:
The experiment is run with the following parameters:

¢ Bottleneck bandwidth : ZMb

s Number of competing TCP flows : 2

1024 f
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Fig. 22. Estimated sending rate of different rate based congestion control
protocols, The scenarie is 2 TCP versus 2 rate based congestion control
protocols.

o Number of competing RAP or TFRC or TMRC flows : 2

» Link latency : 120ms

There are total three scenarios in this section, including 2
TCP vs 2 RAP, 2 TCP vs 2 TFRC, and 2 TCP vs 2 TMRC.
We choose one of RAP flows, TFRC flows and TMRC flows
and plot their estimated sending rate in Fig. 22

The video streaming is initialized at time 10s and stopped
at time 110s. Tota] simulation time is 100s. The maximum
delay-constraint is 500ms. The video sequence "Coastguard”
with CIF size is tested. The simulation results, including video
output versus throughput, accumnulated transmission delay over
different rate based congestion control protocols are plotted in
Fig. 23 - Fig. 25, respectively. The transmission delay is the
time taken to transmit all the frames in a GOP out at each
GOP interval, Since the length of GOP is 30 and the frame
rate is 30, the GOP interval is 1 second. The end-to-end delay
of a frame is defined as the time taken to transmit a frame
from sender to receiver.

Fig. 23(a) shows the amount of bits produced by video
encoder and the throughput of RAP. It can be shown that, for
Li’s scheme, the video output does not meet the throughput
of RAP, while S4RS works well with RAP. Fig. 23(b) shows
the accumulated transmitting delay of each GOP. It can be
seen clearly that, for SARS, the transmitting delay is smoother
than that in Li’s scheme, It is noted that by using Li’s scheme,
there are 74 frames skipped, while there is no frame skipped
by using SARS. The overall performance of S4RS over TFRC
or TMRC also show the better results than that of Li’s scheme.

Table 11 shows the summarized results by using Li’s scheme
and SARS. The transmission delay of SARS is under the
maximum delay-constraint and it is also smoother than that
of Li’s rate control scheme. It can be shown that, for SARS,
the average PSNR is improved up to 0.018 dB with TFRS
module enabled and the deviation of PSNR is also reduced.
However, TFRS module can not enhance the average PSNR
while streaming video over TFRC or TMRC much due to the
estimated rate is already smoother than RAP. The Jlost frames
using RAP are much more than they using TFRC or TMRC
although the delay is smaller using RAP. '

3) 2 TCP vs 2 Rate-Based Congestion Control Protocols
with 4 TCP Competing during 20s and 80s: The experiment
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Fig. 26. Estimated sending rate of different rate based congestion control

protocols. The scenaric 38 2 TCP versus 2 rate based congestion control
pratocols with 4 TCP starting a1 20s and stopping at 80s

is run with the following parameters:

« Bottleneck bandwidth : 2Mb

» Number of competing TCP flows : 6(4 TCP start at 20s
and stop at 80s)

s Number of competing RAP or TFRC or TMRC flows : 2

e Link latency : 120ms

There are total three scenarios in this section, including 2
TCP vs 2 RAP, 2 TCP vs 2 TFRC, and 2 TCP vs 2 TMRC,
There will be 4 TCP started at 20s and stopped at 80s in
these scenarios. We choose one of RAP flows, TFRC flows
and TMRC flows and plot their estimated sending rate in Fig.
26.

The configuration of the simulations in this section 1s the
same as 1t in previous section while the video sequence

(d} accumulated transmitting delay

Performance comparison of videe sequence “Coastguard” using TMRC as the transport protocol. (¢) and (d} are the results that the TFRS in S4ARS

*Container” with CIF size is tested. The simulation resulis,
video output versus throughput, over different rate based
congestion control protocols are shown in Fig, 27 - Fig. 29,
respectively.

Fig. 27(a) shows the bits of video ocutput and the throughput
of RAP protocol. It can be shown that, for Li’s scheme,
video output still can not meet RAP’s throughput, while S4RS
works well as the same as it does in previous scenario. Fig.
27(b) shows the accumulated transmitting delay by using Li’s
scheme and S4ARS. It can be seen clearly that, for Li’s scheme,
the accumulated transmitting delay is still large and worse
than that in previous scenario. It is noted that by using Li’s
scheme, there are 88 frames skipped, while there are still no
frame skipped by using S4RS. Table I1I shows the summarized
results in this scenario. However, the average PSNR by using
SARS over TFRC or TMRC is lower than that by using Li’s
scheme.

V. CONCLUSION

In this paper we analyze the problem of transmitting MPEG-
4 video over IP when senders use a TCP-friendly algorithm
to be friendly to TCP traffic. This paper is focused on solving
the challenging issues in application layer, compression layer,
With this aim, we provide a solution called "SARS” (Smoothed
and Adaptive Rate-contro] Scheme) in compression layer and
application layer for an MPEG-4 video transmission system
and discuss the characteristics of each its elements. The SARS
contains three main components, including TFRS module, LD
module, and RSF module. We study the statistical properties
of video source and propose an improved linear source model
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is enabled with sampling timer 5=3.

named "LD module” using the non-zero ratio of quantized
coefficients. The proposed linear source model can provide
better prediction of coding bit rate and better perceptual video
quality. The delay is lowered with this linear source model.
Based on the linear source model, an accurate and adaptive
rate control scheme named "RSF module” is proposed. The
coding bit rate and buffer level are much closer to their
targei with the proposed rate control scheme. The number of
skipped frames are also reduced with the proposed adaptive
rate control scheme. The overall performance of the SARS
is increased even in the CBR scenarios or ¥VBR scenarios.
We also evaluate the performance of SARS over several rate
based congestion control protocols such as RAP, TFRC and
TMRC. A tcp-friendly rate smoother with memory wiper
named “TFRS module” is further designed to prevent the
video quality from fluctuating with the time-varying available
bandwidth. The average PSNR is increased and the PSNR
deviation is decreased on AIMD-model rate based conpestion
control protocols such as RAP. The average PSNR is also
slightly increased using equation-mode] rate based congestion
control protocols such as TFRC and TMRC. The transmission
delay is controlled under the maximum delay constraint and
it is shorter and smoother than Li’s rate control scheme. The
number of lost frames 1s a little bit high using RAP as transport
protocol although RAP has lower transmission delay. TFRC
or TMRC has higher transmission delay but lower number of
lost frames, There are tradeoffs for a real-time video streaming
applications using these different tep-friendly protocols.

Even though we provided the solutions for the challenging
issues of bandwidth and end-to-end delay, there is still a

(d) accumulated rransmitting delay

Performance comparison of video sequence "Container” using TMRC as the transport protocol. () and (d) are the resulis that the TFRS in SARS

salient characteristic of delivering real-time video streams on
Internet and it is the vulnerability of packet loss. As mentioned
in Section I and Section II, the error control techmiques is
needed to be introduced to recover the packet loss and then to
reduce the presentation displeasing to human eyes, especially
for delivering real-time video over wireless link. The error
controt techniques which demand additional bandwidth further
interact with SARS and the proposed layer-structure real-time
video streaming system could be thus conducted in the end-
to-end QoS video streaming solutions.
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Abstract— Adequate bandwidth allocations and strict delay
requirements are critical for real time applications. Packet
scheduling algorithms like Class Based Queve {CBQ), Nested
Deficit Round Robin (Nested-DRR) are designed to ensure the
bandwidth reservation function. However, they might cause un-
steady pachet latencies and introduce extra application handling
overhead, such as allocating a large buffer for playing the
media stream. High and unstable latency of packets might
jeopardize the corresponding Quality of Service since real-time
applications prefer low playback latency. Existing scheduling
algorithms which keep latency of packets stable require knowing
ihe details of individual flows. GPS (General Processor Sharing)-
like algorithms does not consider the real behavior of a stream. A
real stream is not perfectly smooth after forwarded by routers.
GPS-like algorithms will introduce extra delay on the stream
which is not perfectly smooth, This thesis presents an algorithm
which provides low latency and efficient packet scheduling service
for streaming applications called LLEPS,

I. INTRODUCTION

The number of new real-time applications is growing dra-
matically as more and more broadband services are avail-
able. The current best-effort service for Internet delivery of
data cannot be sufficient for new multimedia applications. A
variety of new multimedia applications such as voice over
IP, video on demand and teleconferencing rely on network
traffic scheduling algorithms in switches and routers to assure
performance bounds to satisfy different QoS requirements.
Typical VoIP (Voice over IP) applications require low latency
and less bandwidth, VoD (Video on Demand) applications
require a huge volume of bandwidth, but they can tolerate
higher latency than VoIP applications. Unlike bursting data
traffic applications, real-time applications usually do not try
to consume all available bandwidth. In most cases, the re-
quired maximum bandwidth for a real-time application can be
expected, such as a typical streaming application.

Since most of existing ronters only provide best-effort
services, the traffic of streaming applications will compete
with other traffic of data services like FTP, HTTP and so on.
The packets of streaming applications may experience higher
latency or be dropped because of the competition among
different kinds of traffic. Therefore, the guality of streaming
application can not be guaranteed and new technologies are

necessary to offer quality of service (QoS) for these real time
applications.

A number of research solutions propose to enforce the
faimess among Internet flows. The proposed faimess schemes
makes that each flow consumes almost the similar bandwidth.
They prevent the competition between flows and assure no
starvation of any Aow. The above researches assume that all
flows have end to end congestion control mechanisms to adapt
to the same compromised bandwidth assignments. The real-
time application can only survive with enough bandwidth
and different real-time applications may demand different
bandwidths. Therefore, enforcing each flow getting the same
bandwidth is not applicable.

Differentiated services (DiffServ) [1][2] and integrated ser-
vices (IntServ) [3] are proposed to make the network to be
QoS aware in JP networks in the mid 1930s. RSVP [4] is
proposed for reservation for the IntServ approach and it defines
how to allecate bandwidth hop by hop. Bandwidth allocation
makes that each flow can get different bandwidth. Real-time
applications can allocate bandwidth as they need, then they
don’t need to compete with other flows anymore.

Bandwidth reservation can ensure the delay of packets of
real-time applications bounded into some value. Class Based
Queue (CBQ) [5] has proposed a link sharing scheme which
can be extended for bandwidth reservation implementation.
However, CBQ does not consider the latency of packets and its
service conld be bursty for delay-bounded service constraints.

In addition to bandwidth guarantee, the latency of packets
is required to be low and stable for some particular real-
time applications. Bandwidth guarantee ensures no packets of
streaming applications being dropped. Stable and low latency
makes the playback latency of streaming-applications low.
Therefore, bandwidth guarantee and stable and low latency
are the two major requirements for stream applications. The
bursting service providing by CBQ can not keep the latency
of packets stable. Besides CBQ, other packet scheduling algo-
rithms providing bandwidth reservation have been developed.
They can be separated into three categories: GPS (Generalized
Processor Sharing) like, frame based and regulative.

GPS is a concept of how multiple tasks (sessions) sharing
a single processor in an OS. The sessions can get different
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Fig. 1. DiffServ, IntServ, RSVP and LLEPS

service rates at the same time, and they are served simul-
taneously. For applying GPS to the network technologies, it
shonld be not noted that the service of GPS is bit by bit.
However, the network service is packet by packet. Due to
the different service units of GPS (bit-based) and Internet
(packet-based), the algorithms WFQ [6] and WE2(Q [7] have
been developed. Since they are all simulating GPS, they are
classified as GPS like algorithms. The GPS like algorithms
can extend the bandwidth sharing into bandwidth reservation
and assure the packet behaviors smooth. In other words, GP3
like packet scheduling algorithms mostly consider the latency
of packets and bandwidth sharing ratio.

Frame based packet scheduling algorithms like DRR [8],
NDRR [9) are different from GPS. They adopt different ap-
proaches to provide bandwidth sharing (reservation) services.
They service alt queves round by round and have no complex
conirol mechanisms. The major advantage of frame based
packet scheduling algorithms is efficiency. The disadvantage
1s that they only consider the queues which are always
backlogged. That makes the latency of packets of the quenes
not always backlogged unstable.

The algorithms [10][11] are reguolative packet scheduling
algorithms. In regulative packet scheduling algorithms, each
queue has a regulator which controls forwarding of packets.
They can keep the latency of packets stable and the provide
bandwidth reservation, but they are not scalable and hard to
implement. Since the regulator demands to know the details
of the flow, each regulator is only designed or configured for
a particular flow. The regulative packet scheduling algorithm
suffers the same problem of Integrated Service Framework [3].

II. OvERVIEW OF LLEEPS

LLEPS is a packet scheduling algorithm. It can be the
foundation of DiffServ, IntServ and RSVPE The relationship
of them is represented in Figure 1. LLEPS can provide
underlining packet scheduling service for them.

Whenever the bandwidth of bottleneck is not overwhelmed
for on-going distinct multimedia applications, the conseguent
queuing delays of packets will be small and stable. Since the
propagation time and transmission time of a packet on a link
are constant values, the major cause of jitter is the gquening
delay. In other words, as the queuing delay is small, the jitter
will also be small. Streaming applications {(ex: Mpeg Video
Streaming} are not like bursty data oriented applications, such
as TCP. They will not try to consume the bandwidth as much
as possible. They usually consume the bandwidth as much
as they need. LLEPS assumes streaming applications will not
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utilize more bandwidth than they need. The latency of packets
can be bounded into a L/R value if the flow never uses more
bandwidth than reserved bandwidth. L denotes the size of the
packet and R denotes the reserved bandwidth.

LLEPS maintains multiple queues and each queue is used
only for a session. Upon receiving a packet of a session,
LLEPS puts it into a specific queue. The scheduler chooses
the queue with the highest priority and forwards packets for
the queue,

[£s,t] denotes a time interval from time t, to ty. The
reserved bandwidth for the session i is r;. The bandwidth of
the link is B. The link can forward W bytes in the time interval
[ts.tf]. The number of sessions in the system is n. The data
length consumed by the session { from t, to t is w}. Under
the condition that the inequality (3) holds, LLEPS can work.
If the session i does not consume more bandwidth than r;, the
inequality (4) always holds,

W=208x(t; —t) I
Wy =Ty X (tf - ta) (2
dow W 3

=1
w} <y 4

LLEPS gives the session i a higher priority when equation
{4) is true. It denotes that LLEPS can guarantee bandwidth
for each session even when other sessions consume bandwidth
more than the bandwidth of the link,

wi < x (- t,) (3)

pi = wifry ©

If the session i temporarily consumes more bandwidth than
the reservation, the inequality (5) will not be troe. LLEPS
determines the priority of each session from this concept. Let
p: be the priority of the session i. The equation (6) shows the
way the value of p; is determined. The lower p; denotes the
higher priority in LLEPS. Figure 2 shows the relationship of
2w rand the queue.

The value of p; can be an indicator to reflect the greedy
status for a particular session. At any moment, p; of each
queue should be similar. As a session is more aggressive than
others, its p; value will be larger than others’. According to
the property of p;, LLEPS only needs to forward packets of
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the queue with a lower p; value than others. The behavior of
LLLEPS is able to keep the p; value of each queue similar.

LLEPS provides the packet forwarding service based on the
concept of time slice. LLEPS defines a time interval [,.t] and
iries to reserve bandwidth for each session. It can guarantee the
bandwidth in the comrent time interval, the next time interval
and so on. Let T be the length of [¢,.t;] and LLEPS must
update the usage status of each queue every T seconds. It
ensores that each session can get the bandwidth reserved for
it in each time slice.

A. Components of LLEEPS

LLEPS contains these components; a system timer, 2 sched-
uler, queues and a min heap. Figure 3 introduces the basic
architecture of LLEPS and the relationships between the three
components,

1) Queuves:

There are numbers of gueues in the system. The relation-
ship between queues and sessions is one to one. A session
may comtain multiple flows. When a packet arrives, LLEPS
classifies it by the IP address or the port number of UDP or
TCP and puts it into the corresponding queve. The way to
classify packets could be flexible for distinct requirements.

There are several properties for a queve: Q, w and ts. Q
value is the dala length LLEPS will reserve for the session
(guene) in a time slice. The value of w is the number of bytes
that the queue has been served in the time slice. The valve of
ts is the tme stamp of a queue and it denotes the time that
usage status of the quene has been updated. These properties
can be utilized to reflect the usage status of the queue,

LLEPS uses the value of ) and the value of w to determine
the priority of the queue and uses ts to determine that the nsage
status of the queue should be updated or not.

2) Min Heap:

Min Heap is used to store the indexes of queues. It makes
the scheduler able to pick the queue with the highest priority
quickly.

3} System Timer:

System Timer is used to update the time stamp of the
scheduler, After the scheduler picks a queue, it learns that
the usage status of the queue should be updated accordingly
as the time stamp of the queue is older than the time stamp
of the scheduler.

Fig. 4. Topology of Simulation

System Timer updates the time stamp of the scheduler
periodically. The period is defined as tick.

4} Scheduler:

The scheduler picks the gueue with the highest prionty to
serve. After forwarding a packet from the queue, the scheduler
will update the usage status w of the queue and put it into the
Min Heap. The scheduler will update the ts value of the queuoe
if the time stamp of the quene is smaller than the time stamp
of the scheduler before putting the queuve into the Min Heap.

There is a trick between ts and the Min Heap. While
comparing the priority values of two gueues, the queue with
a smaller ts value will get a higher priority. This ensures that
the scheduler can pick the quene which needs to be updated
the w and ts values without any packet forwarding.

III. SIMULATION EXPERIMENTS
A. Simulation Enviropinent

The simulations are implemented using Network Simulator
2. The topology used in the simulation is presented by Figure
23, The circle with a number is a node and it denotes a sender
or a receiver. The number # on it denotes that it's sth pair of
a sender and a receiver. The circle with ER or DR is a router.
The bottleneck of the simulations is the link between the
two routers in Figure 4. The bandwidth of the links between
nodes and routers is 100Mbps and the propagation delay is
1 millisecond. The link between two routers is 1Mbps and
13 milliseconds. LLEPS and Nested-Deficit Round Robin are
applied on the simplex link from ER 1o DR.

B. Bandwidih Sharing

The bandwidth sharing experiment is to show the ability
of LLEPS to provide bandwidth sharing. In the bandwidth
sharing experiment, the same scenario is applied for LLEPS
and NDRR. Three UDP flows are created: 500Kbps for UDP
1, 300Kbps for UDP 2 and 200Kbps for UDP 3. Each UDP
flow runs with 10Mbps, UDP 1 starts at Oth second, stops at
15th second and starts at 25th second again. UDP 2 stars at
5th second. UDP 3 starts at 10th second. In NDRR, Q..in
is set to 1500 bytes. The packet size of the test is set to 500
bytes.

The receiving rate of the three UDP flows should be 5:3:2
at any time in the idea case. Figure 5 shows the result of
LLEPS and Figure 6 shows the result of NDRR. The ratio of
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Fig. 6. Bandwidth Sharing Test NDRR

reserved bandwidth for the three UDP flows is 5:3:2, Figure 6
demonstrates that NDRR always keeps the sharing ratio of all
flows the same as the ratio of reserved bandwidth. However,
LLEPS does not always keep the sharing ratio but it ensures
that all flows can get reserved bandwidth.

In Figure 5 from 5th second to 10th second, only UDP flow
I and UDP flow 2 are running. The sharing ratio between
the two UDP fiows should be 5:3. But the real sharing ratio
in LLEPS is 3:2. In the experiment, after LLEPS updating
the queve for UDP flow 1 and UDP flow 2, the value w is
always equal to the value Q because the two UDP flows using
more bandwidth than the reserved bandwidth all the time. The
updating of all queves happens at the same time and UDP flow
2 may sent one or two more packets before the updating. The
unfaimess is never memorized by LLEPS. That's the reason
why the sharing ratio between the two flows is not 5:3.

C. Bandwidth Reservation

The goal of the experiment is to test the ability of LLEPS
1o provide bandwidth guarantee. LLEPS allocates 200Kbps for
UDF flow 1 and 300Kbps for UDP fiow 2. The bit rate of UDP
flow I and UDP flow 2 are 200Kbps and 300Kbps. UDP flow
1 starts at 5th second and UDP flow 2 starts at 10th second.
There are four background TCP flows competing with the two
UDF flows.

Figure 7 presents the result of the experiment. Before
the starting of the two UDP flows, four TCPs take all the
bandwidth of the bottleneck. After the first UDP flow starts, it
gets the bandwidth reserved 1o it. The second UDP flow also
gets the reserved bandwidth. Since LLEPS aliocates bandwidth

Fig. 7. Bandwidth Reservation Test of LLEPS

for the two UDP flows, the bandwidth for the two flows will
not be used by the four TCPs. The four TCPs share the left
bandwidth 500Kbps. The result shows that LLEPS is able to
provide bandwidth guarantee.

D. Buffer Under Run Problem

As described, NDRR and other frame-based packet schedul-
ing algorithms do not perform well when some queues are not
always active. The delay of packets is not stable.

In the simulation, ten flows are running and both LLEPS
and NDRR allocate 100Kbps for each of the ten flows, The
bit rate of the first nine UDP flows is 1Mbps and the bit rate
of the tenth UDP flow is only 80Kbps. The queuc belonging
to the tenth UDP flow will be empty at most of time and
other queues will be always active. The first 9 UDP flows are
background traffic and keep the bottleneck link busy.

The 10th UDF flow is used to simulate a streaming appli-
cation. Most streaming applications like VoD and VoIP do not
have special control mechanism to control the behavior (bit
rate or something else) of the stream. A CBR (Constant Bit
Rate) MP3 (MPEG Audio Layer 3) broadcasting is just like a
CBR UDP flow. This is why an UDP flow is able to simulate
a streaming application here,

This paper uses Delay Jitter 1o represent the stability of
latency of packets. The definition of Delay Jitter is the same as
RTP. R; is the receiving time of packet f. 3, is the sending time
of packet i. D;_,7 denotes the delay variation between two
consecutive packets. Ji is the smoothed function of D 4,1

Dio1i=(Ri — Ri1) — (8 - Sic1) N

Ji=15/16 x Ji_y +1/16 x |D;_1 4] (8)

In the experiment, only the J; of the 10th UDP flow is
plotted. The packet size is set to 100 bytes, 500 bytes and
1400 bytes. Qmin in NDRR is set to 1500 bytes. In LLEPS,
tick is sel 10 250 milliseconds.

Figure 8, Figure 9 and Figure 10 are the results of the
simulations. The solid line is the result of LLEPS and the
dashed line is the result of NDRR. In these simulations, no
packet of the 10th UDP flow is dropped. In Figure 8, the
transmission time of a packet on the bottleneck link is 0.8
milliseconds. In Figure 9, it’s 4 milliseconds. In Figure 10,
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it’s 11.2 milliseconds. If the transmission time is longer, the
delay jitier will also become longer. In LLEPS, the delay jitter
is always approximate to 50 percent of the transmission time
of a packet. The experiment shows that LLEPS can handle the
problem much better than NDRR.

IV. CONCLUSION AND FUTURE WORK

This paper introduces a new scheduling protocol (LLEPS)
o provide bandwidth gnarantee service efficiently. In addition
to ensuring bandwidth guarantee services, LLEPS does not
introduce muoch delay jitter effects for packets, NDRR does
not address "Buffer Under Run Problem” but LLEPS does,
Since LLEPS always serves the quene with the highest priority,
it provides preemption mechanism for packets. However, in
NDRR, the service sequence of each queve is constant. The
continwous work of LLEPS is to design a better way to
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Fig. 10. Delay Jitter with 1400 bytes packet size

determine the priority of each session. LLEPS determines the
prionty of each session based on the corresponding transmis-
sion rate. LLEPS estimates the transmission rate of a session
in a iime interval. When the time imterval is too small, the
estimation will become very onstable and no meaning for
LLEFS. The continuous efforts will address the issoe,
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Abstraci—In this paper, we introduce and analyze a new
congestion control approach for multimedia streaming, called
TMRC (Time-based Model TCP-Friendly Rate Control). TMRC
is a time-based end-to-end congestion control mechanism, which
uses a model te estimate sending rate and assures the fairness
against competing flows. With our mechanism, the sender can
explicitly adjust its sending rate as a function of the measured
rate reported by the correspond receiver. In long term, TMRC
acts as a8 TCP-friendly flow with the same throughput as
other flows while in short term it performs more stable in its
sending rate. This makes our mechanism suitable for real-time
multimedia streaming. At last, we compare TMRC to other TCP-
friendly rate control mechanism, such as TFRC.

1. INTRODUCTION

Real-time multimedia streaming transmission is now world-
wide used over the Internet and has become a striking
application, such as Intemet ielevision, video conference,
IP telephony, distance learning, video-on-demand. Compared
o traditional applications, real-time multimedia applications
demand that the sofficient quality of service (QoS) (e.g. a
bounded delay, jitter, or guaranteed bandwidth) should be
provided. However, the current Internet environment provides
a best-effort service in general, that is data transmissions on
such a non-QoS guaranteed environment may suifer from
bandwidth variation, end-to-end delay variation, and packet
loss. Therefore, an adaptive, best-effort, end-to-end congestion
control protocol is required to react with congestion to avoid
congestion collapse and keep network utilization as high as
possible.

This paper presents the design and evaluation of the TMRC
protocol extended from [1] in which a new TCP-friendly rate
estimation approach is proposed.

The rest of this paper is organized as follows. We review
some of the related work in section II. In section LI, we intro-
duce the TMRC protocol. Detail description of our simulation
results are presented in section IV and the comparisons with
other TCP-friendly rate control protocols are shown in section

V. Finally, section VI concludes the paper and discusses some
of our future work.

II. RELATED WORKS

Existing congestion control protocols can be roughly cat-
egorited into two types: window-based and rate-based. The
window-based approaches perform additive increase and mul-
tiplicative decrease {(AIMD) rale control at & sender as in TCF.
Typically, they probe for the availabel network bandwidth by
slowly increasing a congestion window, and reduce the conges-
tion window greatly when congestion is detected (indicated by
one or more packets loss) [2], [3]. The rapid rate reduction in
response 1o congeslion is essential to avoid network callapse.
Because of AIMD property, the window-based protocols are
provably stable and fair under steady state.

On the other hand, the rate-based approaches estirnate
the throughput of a TCP sender as a function {or formula)
of packet loss rates and round-trip-time (RTT). Since the
window-based protocols typically involving with retransmis-
sion which can introduce intolerable delays, the rate-based
protocols are usually employed for transporting real-time
moltimedia streaming data. However, these protocols may not
converge to the fair bandwidth share of network paths (owing
to either over-allocation or under-allocation of bandwidth) [4],
[5]. [6], [7), [8), [9]. This happens because of inaccuracy in
estimating loss rate and in the formula itself. Furthermore,
the TCP formula may be not reliable when packet losses or
RTT is correlated to the transmission rate of the flow being
controlled.

As for rate-based congestion control, it is significant to
investigate a more accurate formulz for the TCP sending
rate to make flows perform TCP-compatible or TCP-friendly,
use no more bandwidth than conformant TCP running under
comparable conditions in steady-state, [5]. [7] observed and




introduced the TCP response function as following:

S
T =
Ry/2 + trro(34/32)p(1 + 32p)

This gives an vpper bound on the sending rate T (bytes/sec),
as a function of the packet size s (bytes), round-trip time R
(sec), steady-state loss event rate p, and the TCP retransmit
timeout value tgro (sec).

TFRC [4] ts proposed to be a TCP-friendly rate-based end-
to-end congestion control protocol for unicast traffic. The
TFRC sender explicitly adjusts its sending rate as a function
of the measured rate of loss events by receiver and ensures
fair behavior against competing flows. Instead of reacting to
single congestion event {i.e. packet loss), TFRC changes its
sending rate in response to the loss rate, sampled over a single
round-trip time.

Rhee et al. [6] developed a new fiow control approach
for multimedia streaming, called TCP emularion at receiver
{TEAR), which shifts most of flow control mechanism to
receivers. In TEAR, a receiver does not send the congestion
signals (such as packet arrivals, packet losses, and timeout) ta
the sender but rather processes them immediately to determi-
nate its own appropriate receiving rate. .

Both TFRC and TEAR flows provide smoather transmission
rate than TCP, however these protocols may result in lacking
the aggressiveness and responsiveness of TCP [8], {9].

8y

1II. TMRC ProT1OCOL

Chen et al. [1] proposed a new approach using time-based
model for TCP-friendly rate estimation:

R
Instead of collecting packet loss rate, in the time-based model
average TCP sending rate T (bytes/sec) is measured a5 a
function of the packet size s (bytes}, round-trip time R (sec),
and the congestion event period P (sec), time interval of two
adjacent loss/congestion events.

Simulation results show that this new approach provides rate
estimation more accurate than TFRC does. With the successful
rate estimate approach, we design a new rate control scheme,
named fime-based mode!l rate controf (TMRC) protocel. The
prmary goal of time-base mode] rate control is to provide
a TCP-friendly congestion control mechanism to maintains a
relatively steady sending rate for media streaming flows.

T=sx

A, Protocol Mode!l

TMRC protocol adpots the receiver-driven model, shifts
most functionarities to the receiver end. While the sender
concentrates itself on delivering data in a specified bitrat,
the receiver keeps track of essential information along with
netwark changes, The information is then applied to eguation
(2) to calculate a up-to-date sending rate. Necessarily or
periodically, the receiver reports the sending rate adjustment
to the sender.

Period := Now - PrevicusEventTime;

if (loss/congestion event detected} |
if (Period > SustainedTime) |
PreviousEventTime = Now;
Add Period to PericdHistories;
EventPeriod :=
Average (PeriodHistories) ;

}

zlse |
NewEventPeriod :=
Average {Period, EventPeriod);
if {(NewEventPericd » EventPeriod]
EventPeriod = NewEventPeriod;

Fig. 1. Algorithm for calculatiing the event period when a packet arrived

B. Sender Functionality

The sender plays quite a simple role in TMRC protocol.
Every time a rate adjustment report is received, the sender
reacts with the report to adjust its sending rate, In additional,
the sender cooperates with the receiver to calculate the ronnd-
trip time R (described later).

C. Receiver Functionality

In order to apply equation {(2) as the control function for
congestion control, several parameters, the round-tip time R
and the congestion period P, are required by the receiver.
(The packet size s used by the rate estimate equation shonld
be either provided by application or prebed by other protocol,
such as path MTU discovery [10].)

I) Round-Trip Time Estimation; The receiver and sender
collaborate to measure the round-trip time . Periodically the
receiver sends the sender a echo request consists of the sending
time, and then the sender feeds a corresponding echo response
along with the timestamp back to the receiver. Once a feedback
is received, the receiver can determinate the round-trip time.

2) Event Period Estimation: To calculate the congestion
event period is one of the most critical part of TMRC, For
the purpost of illustration, we briefly describe the algorithm
in Fig. 1. The estmated event period should increase only in
response to a new event period that is Jonger than perviously-
calculated average, or be updated while packet arriving with
a loss/congestion event, There is a clear trade-off between
updating the event period over a short period of time to
respond rapidly to degradation in the available bandwidth,
and updating over a longer period of time to get a smoother
adjustment that is much less noisy. Let the sustained 1ime be
defined as the guiescent period of time to prevent the event
period from updating excessively. In peneral, the sustained
time is given with twice RTT.

The method of calculating the average of event period has
been the subject of much discussion and testing, Obvious
methods we looked at include the EWMA method and the
LIWA method which is the method we chose. The EWMA
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method uses an exponentially weighted moving average of the
event period. However, it is difficult to choose an sufficient
EWMA weight that responds to the actually network changes
due to the EWMA method keeps memory of untimely event
period. The LIWA method computes a weighted average of
the event period over the last n periods with the weight curve.
Fig. (2} is an example for n = 10. In our experiments, we use
linear2 curve which gives equal weights to the most recent
periods and fades the past period.

3) Rate Estimation: ‘The receiver calculates the event period
when a packet arrived. if necessary (i.e. a loss/congestion event
is detected), a rate adjustment report is send to the sender. In
order to aggressively find and use the available bandwidth, the
receiver periodcally send a rate adjustment report to the sender
as well.

4} Slow Start: For lack of the congestion window used by
window-based protocol, TMRC needs a initiate mechanism
similar to the window-based slow-start procedure. Roughly,
the receiver reports the sender with a base sending rate Ty, and
doubles the rate every each round-trip time, while the sender
starts with a low sending rate (i.e. 16 Kbps), and adjusts its
sending rate as the receiver reported. When a loss/congestion
event is detected, slow-start procedire goes terminated.

_ packet size
{ Tp=2x round-trip time (3)

Tip1 —2xT,
As Fig. 4 and Fig. 5 shown, TMRC slow-start behavior is
more similar 1o TCP.

D. Improvement

In some cases, such as only few flows share the same link,
the delay in reporing rate adjustment information to the sender
may cause sending rate oscillations. Owing to the adjustment
information does not take effect immediately to the network,
the receiver may under-allocate or over-allocate sending rate,
Moreover, one oscillatory flow may effect to competing flows
when the shared link is loaded. In order to avert from rate
oscillations, TMRC applies anti-overload mechanism in rate
estimation, An anti-overipad value P, in time t is calculated
by the following expression:

Poo(t} = +/1 — (Lr(t) + Jr(t)) (4)

Fig. 3. Simuolation topology (delays of links for which no delay is specified

are all equal to 5 ms and bandwidth of links for which no bandwidth is
specified are all equal to 100 Mb).

bandwidth=5 Mk
delay=D s

TABLE |
SIMULATION CONFIGURATION

l Description Valve
Packet Size 1000 bytes
TCP maximum windows size 65533 packets
TCP version New Rena
TCP timer granularity 0.2 seconds

Mew Reno TCP parameters newrenc_changes on
newreno_changesI on

Droptatl

Chueue rype

Lr is the packet loss ratio in time scale from ¢t — UT to t:
Nlass

Lr(t}) = —————— (5)
( ) Nlﬂss + Narriual
and Jr is the jitter ratio correspondingly:

tr(t) —tr{t — UT)

Generally, loss ratio is equal to zero if no packet dropped,
and jitter ratio is equal to 1 while the shared link sitting on
steady state. Onece the bottleneck link suffers from a conges-
tion, the estimated loss ratio and jitter ratio pet increasing,
On the contrary, when the bottleneck link suffers through a
congestion, both of loss ration and jitter ratio decrease. With
these atributes, the anti-overload value may indicate network
variations. Therefore, we modified the period by period x Py,
in the algorithm shown as Fig. 1. QObviously, to decide the
value of the unit time UT is a significant factor.

IV. SIMULATION AND RESULTS

To assess the performance of TMRC, we use the ns
simulator to study the TCP-friendliness, TCP-compatibility,
aggressiveness, and smoothness of our proposed algorithm.
Each experiment is mn with the following parameters: the
bottleneck bandwidth, the number of competing TCP flows,
and the number of competing TMRC (or TFRC) flows. The
bottleneck queuve configuration and other simulation parame-
ters are listed in Table I, and simulation topology is shown
as Fig. 3. The simulation duration is set to 200 seconds, and
each network flow is started at zero.

We hightlight some subset of the results to illustrate the
performance comparison between TMRC and TFRC.
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1} TCP-friendliness; We conduct the following experiment
to test TCP-compatibility of our TMRC protocol. A single
flow under investigation in travelling a flat link with bottleneck
bandwidth B = 16 Mbps, and link delay D = 40 ms (RTT =
100 ms). Fig. 4 and Fig. 5 shows the slow-start behaviors of
TCP, TFRC, and TMRC (with EWMA and LIWA). Obviously
in Fig. 4, TMRC slow-start procedure is much similar to
TCP. In particular, TMRC with EWMA method acquires the
available bandwidth instantly. However, this is not snitable for
all case, EWMA method makes TMRC flows smoother but
less aggressive while competing with other flows. Both TFRC
and TMRC performs TCP-friendly in long term throughput.

2) Intra-Protocol Fairness: Fig. 6 shows the case that flows
with single type protocol compete to each other. We observed
that TMRC flows vibrate a little in the steady state while TFRC
flows keeping more flat. This happens becuase of that in our
experiment we vse the simple model’ for event detecting. With
the simple model, a loss event may be ignored and then TMRC
estimate a relatively higher sending rate. This condition will

!A simple mode] of TMRC deferminates events by packet loss,

be solved when the complex model? is involved our proposed
TMRC protocol.

3) TCP-compatibility: This section we exam the TCP-
compatibility of our TMRC protocol. Fig. 7 shows 4 TMRC
flows and 4 TCP flows compete for bandwidth over a shared
bottleneck link. Fig. 8 shows the other case with I TMRC
flows and 7 TCP flows. In each case, results are shown for a
bottleneck link bandwidth of 16 Mbps and round-trip time of
100 ms. As can be observed form the results, TMRC achives
a slightly lower average throughtput than TCP when TFRC
gaining more. Moreover, TMRC flows performs smoother and
more steady than TFRc does. In additional, TMRC flows
converge on the fair share bandwidth much closely to each
other.

Y. CONCLUSION

We proposed a new rate-based congestion control algorithm
called TMRC (Time-based Model Rate Control), which uses
time-based model TCP rate estimation approach. Instead of
gathering packet loss rate, TMRC calculates loss/congestion
event pericd. We have shown that TMRC performs TCP-
friendly as well as TCP-compatible. We have also shown that
TMRC is smoother and more steady while competing with
other flows.

Our fuwre focus will be to investigate the complex model
that uses congestion events instead of loss events for event
period measorement, and to implement TMRC algorithm
under the real network.
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Abstract— Recent developments in wireless LAN (WLAN)
standardizations have been successful to offer high-speed data
services. Hence, a variety of types of traffic must be accom-
modated in future WLAN environments, IEEE 802.11 working
group has been developing a new distributed MAC, called
enhanced distributed function (EDCF), to support service dif-
ferentiation in the IEEE 802,11 MAC protocol. Besides, high-
speed WLAN environments are also expected to provide wireless
Internet services in hot spots such as airports, parks, and ete.
Since there are usually multiple service providers competing for
providing wireless network access in hot spots, mobile users are
free to choose their own service providers. For a specific service
provider, more flows are admitied to transmit in its coverage
range, more revenue {¢.g., utility or profit} is gained. However,
admitting many flows may make the wireless medium overloaded
and degrade the QoS satisfactions of ongoing flows since the
wireless medium in IEEE 802.11 is share and collision-based.
Hence some mobile users may leave the current service provider
and subscribe to wireless network access with another service
provider. In this paper, we analyze the resource management
problem in the competitive environment, in which EDCF pretocol
is implemented in all access points (APs) and mobile stations. We
formulate admission control as a game and prove the game owns a
Nash equilibrium solution. Based on the game, a service provider
not oniy folfills most part QoS satisfactions of ongoing flows but
alse increases its own revenue. We evaluate the performance by
means of throughput, packet delay and bandwidth viclation ratio.

I. INTRCDUCTION

With the provisioning of high-speed WLAN environments,
data services {e.g., VoIP or video-conference) with different
QoS reguirements will be available in future WLANs. Hence,
data services will be categorized into multiple traffic classes
and different priorities are used to access the wireless medium.
However, in the current access mechanism of IEEE 802.11, all
mobile stations have the same priority to access the wireless
medium, In order to satisfy multiple traffic classes with
different QoS requirements, it is desired to provide service
differentiation in the IEEE 802.11 standard [5].

Providing service differentiation requires a MAC protocol
to support different access priorities among different traffic
classes. Recently, the JEEE 802.11 working group has been
developing a new distributed protocol, called EDCE, to support
service differentiation in the MAC layer [3]. EDCF is an
extension of the existing distributed coordination function
(DCF) to support service differentiation. More details about
DCF and EDCF will be presented in Section 1L

Apart from the MAC service differentiation, high-speed

IEEE Communications Society
Globecom 2004

2081

WLAN environments are also expected to provide public wire-
less Internet services in “hot spots™ such as airports, parks and
etc., where a high density of mobile users will create demand
for wireless network access [10]. Hence multiple wircless
service providers dispose their infrastructures, e.g., APs, in hot
spots to provide wireless network access. Mobile nsers that in-
tend to access wireless Internet services are charged by prepaid
cards, online purchasing, or other charging mechanisms. Since
there are usually multiple service providers in a local region,
mobile users are free to choose their own service providers.
Admitting more flows to transmit in the coverage range of an
AP (belonging to a certain service provider) will gain more
revenve for the service provider. However, admitting many
flows may make the wireless medium overloaded and degrade
the QoS satisfactions of ongoing flows since the wireless
medium in IEEE 802.11 is share and collision-based. Hence
some mobile users may leave the current service provider
and subscribe to wireless network access with another service
provider.

In this paper, we analyze the resource management prob-
lem in the competitive environments, in which EDCF is
implemented in access points {(APs) and mobile stations. We
formulate admission control as a game, which is nonzero-sum
and noncooperative. Based on the game, a service provider not
only fulfills most part of QoS satisfactions of ongoing flows
in its radio coverage but also increases its own revenue.

The rest of this paper is organized as follows. Section Il
reviews the DCF and EDCF protocols. Section III suggests
an admission contrel game formulation under which it owns a
Nash equilibriom solution. Section IV shows the performance
evaluation for the admission control. Section V concludes this

paper.
II. DCF aND EDCF

DCF operates based on carrier sense multiple access with
collision avoidance {CSMA/CA). A mobile station that intends
to transmit a packet first senses the chamnel. If the channel is
idle for a time period of DCF interframe space (DIFS), it
can immediately start transmission. Otherwise, it generates a
backofl counter. The counter starts decrement if the channel
is sensed idle for a time period of DIFS. Then the counter
continues to decrease until the channel is busy or the counter
counts down to zero. If the channel is busy, the decrement
will pause and resume after another idle time period of
DIFS. When the counter counts down to zero, the mobile
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TABLE I
FoUr ACS SPECIFIED 15 THE JEEE 802.11E

ACp AC;  AC:  AC3
Vaulues of AIFSN 2 1 1 1
Values of CW ., 32 32 16 8
Values of CWgx 1024 1024 32 16

station starts transmission. In order to avoid channel capture,
a mobile station has to wait a random backoff time between
two consecutive packel transmissions, even if the channel is
idle for a time period of DIFS.

The backoff counter is randomly assigned a value from the
range [0, CW—1], where CW is the contention window. Ini-
tially, let CW=CW_,,;,, the minimum contention window. When
the transmission {(or retransmission) fails, the value of CW
is doubled until it reaches the maximum CWi,=2"CW 0.
where m is called maximum backoff stage.

DCF employs two access mechanisms for packet trans-
misston, One is two-way handshaking and the other is four-
way handshaking. For the former, an ACK (acknowledgement)
message is nsed to indicate that the transmitted packet has
been correctly received by the destination station. For the later,
an RTS (request-to-send) message is first sent by the source
station. When the destination station receives the RTS, it
replies a CTS (clear-to-send) message. After receiving the CTS
message, the source station is allowed to transmit a packet,
Finally, the destination station informs the source station of a
successful transmission by replying an ACK message.

RTS and CTS messages carry information about the identi-
fiers of the source and destination stations and the duration for
transmitting the packel. Once hearing the RTS or CTS mes-
sage, any other station will update its NAV (network allocation
vector), which records the duration when the channel is busy,
and defer its access to the channel.

In the IEEE 802.11 standard [1], the four-way handshaking
is used to reduce the collision time when the size of the
transmitted data packet is greater than a predefined length, i.e.,
RTSThreshold. Otherwise, the two-way handshaking is used.
The four- way handshaking can also avoid the hidden terminal
prablem.

EDCF, which is an enhanced version of DCF, can provide a
distributed access mechanism to support service differentiation
in IEEE 802.11. EDCF introduces the concept of access cat-
egories {ACs). Traffic classes belonging to different ACs use
different values of CW_;,, CWpy, and arbitration interframe
spacing number (AIFSN} to contend the channel. There are
four ACs specified in IEEE 802.11e as shown in Table I, where
the 802.11b physical layer [2] is used.

EDCF requires that a mobile station has to wait a time
period of AIFS before transmitting a packet or generating a
backoff counter. Let T4, rg and Ty g denote the lengths of
AIFS and short IFS (SIFS), respectively. T rg is computed
as follows: T4y ps = Toyrs + AIFSN x 4, where AIFSN > 1
and 4§ is the length of a time slot. A traffic class with smaller
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AJFSN has smaller T47p5 and hence has a higher probability
of seizing the channel,

EDCF is backward compatible with DCF. A mobile station
without EDCF has to wait at least a time period of DIFS before
It can transmit a packet. Recall that IEEE 802.11 set Tpsrs.
the length of DIFS, to be Ts;rs + 2. A mobile station with
EDCF has a higher probability of seizing the channel than
those without EDCEF, if it sets AIFSN=1.

III. ADMI5510N CONTROL GAME FORMULATION

In this section, we formulate admission control as a two-
Player game. The admission control game is formed when
a user sends a flow request to an AP. In the following
subsections, we first present the system model. Second, we
review the basic concepts of two-player game. Third, we
present the admission control game formulation. Fourth, an
important ratioc — QoS satisfaction ratio — used in the game
is presented. Finally, we will prove that the gatne owns a Nash
equilibrium solution.

A. Svstem Model

The system environment we consider is within a local region
in which multiple APs compete for providing wireless network
access. We assume that different APs in the Jocal region are
belonging to different service providers. In the competitive
environment, mobile users are free to choose an AP for
wireless Internet services. A mobile user may leave the current
AP and subscribe to wireless network access with another
service provider according to the degree of QoS satisfaction
for the current quality.

In order to support service differentiation, EDCF protocol
is implemented in all APs and mobile stations. Suppose that
there are K traffic classes with distinct QoS requirements in
the system, where K > 1. We assume that each mobile user
has packets of the same traffic class. For caonvenience, we refer
to a mobile user that has traffic class k& packets as a class-k
user. We use n; to denote the number of class-k users currently
in the system, where 0 < k < K — 1. The term ry, is referred
to as the data rate for traffic class k.

B. Preliminaries on Two-Player Game

In a two-player game [8], each player has a set of strategies.
A configuration is a form of a pair of strategies, in which one
strategy comes from one player and the other strategy comes
from the other player. Assoctated with each configuration,
Le., a pair of two strategies, there are two payoffs, one for
each player. A payoff is a number that reflects the desirability
of a configuration to a player. For a noncooperative game,
each player makes a decision independently and in a manner
maximizes its own payoff without knowing the decisions of
other players,

Specifically, a two-player non-cooperative game has two
players p and g. We assume there are m and n strategies for
pand g, denoted as {u;: 1 <i<m}and {v;: 1 <j<n),
respeclively. Hence the configurations of the game are denoted
by {wi,v;}, where 1 <i<m, 1< 7 < n. The payoffs for p
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and g are defined as two payoff matrices P = [p;;]mxn and
@ = [gis|mxn. The rows of P and ) matrices represent the
set of strategies for p while the columns represent the set of
strategies for g. In other words, p;; {g;;) represents the payoff
for p (g) as p chooses strategy i and ¢ chooses strategy 7,
where l <i<mand 1 <j<n.

A game can be also classified into a zero-sum and a
nonzero-sum game. Specifically, if p;; + g; = 0 for all
1<i<mand 1 <j<n,ilisazero-sum game; otherwise,
it is a nonzero-sum game. The number of payoft matrices for
a zero-sum two-player game is one since the payoff matrix for
one player can be easily obtained from the other player. Note
that if p;; + ¢;; are constant, it is also zero-sum.

In a two-plaver noncooperative nonzero-sum game, a con-
figuration {u], S} is said to be a Nash equilibrium solution if
the values of payoff for p and ¢ under {u],v;} are maximal.
In other words, no player can change its strategy to get a better
payolff.

It has been shown that a two-player non-cooperative
nonzero-sum game may or may not have a Nash equilibrium
solution [4]. However, in the proposed admission control
game, we will show that it always has at least one Nash
eguilibrinm solution, which will be presented in Section III-E.

C. Came Formulation

The proposed admission control game in the system is non-
cooperative in nature. In addition, the game is also nonzero-
sum. It is noted that a zero-sumn game has the property
that the increment for one particular payoff valve will cause
the decrement of the corresponding payoff value so that the
summation can be zero. If a new user sends a flow request to
an AP in under-loading conditions, admitting the new flow will
not degrade the ongoing flows and will gain revenue for the
AP. Also, the admitted user will also feel satisfied and gain its
revenue, That is, both the values of payoffs for the AP and the
mobile user are increasing. Therefore, the admission control
game is nonzeroc-sum.

The two plavers for the admission control game are as
follows:

 p: the current serving AP (service provider) of the class-k

user;

« g: a class-k user that intends to initiate a new flow.

The player p has the set of strategies {1, ug}, where u; is
to admit the Alow request and u; is to reject the flow request.
Similarly, the player g has the set of strategies {1, 2}, where
1 i8 to leave the current serving AP and subscribe to another
one and vy is Lo stay at the current AP,

We now define the payoff matrices P = [py;]ox 5 for p,which
is given as
_ R+ {Rk - L) — Ly
- R— Ly
The notations vsed in P are defined as follows.

« R: the sum of revenves for the cwrent ongoing flows;
s Ry the revenue obtained by admitting a class-k user,
e L:the revenue loss obtained when a class-k user leaves;,

R+ (R, — L)
P p .
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« B the bandwidth violation ratio for a class-k user. By
is defined as

if pg/ng—rx>0
if pkf'n,k - < o

L]

0

By = { Th=Pk [k

L

where py/ng is the average available bandwidth for a

class-k user. The bandwidth violation ratio is zero when-

ever the average available bandwidth is greater than the

data rate, i.e., pp/ny — v > 0. Otherwise, the bandwidth

violation ratio is defined as ﬂ“—ﬁ"—"ﬁi. The estimation for
ok can refer to [6) and is not state here;

« L: potential revenue loss obtained by admitting a class-k
user. When an AP admits a pew flow to transmit in its
coverage range, it may cause potential revenue loss for
the AP, It 15 because that each time a new flow is allowed
to transmit in the system, the system may be overloading
and then the QoS satisfactions of ongoing flows will be
degraded;

= S{By}: the QoS satisfaction ratic that represents the
degree a class-k user satisfies the current quality. The
satisfaction ratio is a function of bandwidth violation
ratio. Tt is noted that 0 < S(B;) < 1. The detailed
derivation for 5(B;) will be shown in Section II-D.

» O(By): the QoS dissatisfaction ratio that represents the
degree a class-k user dissatisfies the current quality.
C{B,) also represents the inclination that a class-k user
intends to leave the current AP, It is noted that O{By) =
1 8(By).

The element po; represents that the class-% user wil] leave the
current AP and the cument AP will reject the flow request.
Hence the value of pgy is simply the sum of revenues of the
current ongoing flows minus the revenue loss obtained by the
leaving of the class-k user, i.e., £ — L. The value of pgs is
simply R since the class-k user does not leave the current AP
and may keep trying to request later,

The values of p;z should consider the potential loss and
hence the value of pyp is B + Ry — L. Similarly, the value
of p11 is R4+ Ry — L — L. We estimate the potential loss in
terms of potential departures of ongoing users. The departures
stem from the QoS dissatisfaction for the corrent quality. For
class-k users, the potential revenue loss is nyO(By) Ly and
the total potential revenue loss for all users is hence L =
S mO(B) L.

Now let us discuss the payoff matrix @ = [gyj]2x2. Let Uy,
(Vz) be the revenue obtained when the flow request is admitted
(rejected). Apparently, U/, > V. The payoff matrix @ is given
as

_ | U= Y

0= Uy — wO(By)
Vi — ¥k

Vk —"U.?O{Bk) ’

where Y; and w are the revenue loss when the class-% leaves
the current AP and the multiplier factor, respectively. ¥, may
be the money need o pay for the leaving plus the money
need to subscribe to wireless network access with another
service provider. Other explanation for Y} is also possible by
considering more realistic market mechanisms.
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The element g1 (go1) corresponds to the configuration that
the AF admits (rejects) the flow request and the class-k user
leaves the current AP. Hence the value of payoff for g1 (g21)
is U, — Y3 (Vi — Yi). The elements g1z and gz should minus
an additional term wO{B),) since the user which chooses
to stay at the current AP may need to folerate the possible
dissatisfaction. The term w is a multiplier factor and larger
than 1.

Once the payoff matrices for p and ¢ are defined, the next
step is to show that if this game owns a Nash equilibrinm
solution or not, which will show in Section III-E. Before
we show the existence of MNash equilibjum solution, we
derive two important ratios — QoS satisfaction ratio and QoS
dissatisfaction ratio —~ in the following subsection.

D. QoS Satisfaction Ratio

‘We characterize the degree of QoS satisfaction for a class-
k user as a function of bandwidth violation ratio. That is,
the degree of QoS satisfaction for a class-k user depends
on the quality of available bandwidth. We approximate the
QoS satisfaction ratio, S{By). by using the Sigmoid function
[9]. The Sigmoid function has been used to characterize
users’ satisfaction in recent literature [7], {11]). We modify the
Sigmoid function to involve user's satisfaction with respect to
the bandwidth violation ratio, i.e.,

1
SBr) = I eatpBny

where oy and F, are the steepness and the center of curve,
ay and S are used to indicate the sensitivity of bandwidth
violation and the toleration of bandwidih violation for wafiic
class k. The greater the value of oy is, the lower sensitivity
of QoS degradation for traffic class & is. Fig. 1 shows the
plot of QoS satisfaction ratio versus bandwidth violation ratio,
where =20, 30, 40 and 50, respectively. In Fig. 1, we
know that the steepness of the curve is increasing as oy, 18
increasing and hence the sensitivity of bandwidth violation is
decreasing. Similarly, the higher value of £ is, the higher
toleration for the bandwidth violation is, as depicted in Fig.
2. Once the bandwidth violation ratio is greater than 5, the
degree of vsers’ satisfaction (i.e., QoS satisfaction ratio) will
be degraded dramatically.

Once 5(B,) has been defined, the QoS dissatisfaction ratio
OBy} is simply given as 1 — S{B;).

E. Equilibriwm Solutions

Before discussing the existence of Nash equilibrium solu-
tion, we first explain the concept of domination.

Definition 1: In a two-player non-cooperative game, a strat-
egy u; dominates another strategy u; of p if it obtains better
playoff regardless of what the strategy ¢ chooses, where
l1<i, j<m.

Theorem I: The proposed admission control game pos-
sesses at least one Nash equilibrium solution.

Proof: We consider the proof in three cases:
s B —L>10
In this case, u; dominates ug and hence p will always
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choose strategy u;. Therefore, g will choose w if Uz —
Y > U — w{By); otherwise g will choose vp. The
resulting configuration may be {u1,v1} or {u,t2}
- Rk - L = 0
It 15 trivial that four configurations are all possible.
s Ry —L <0
This reasoning process is similar with Ry — L > ( and
the resulting configuration may be {us, vy} or {ug, v}
|

IV. PERFORMANCE EVALUATION

We simulated the MAC layer protocol based on EDCE
The underlying physical layer we adopt is the IEEE 802.11b
standard [2] and the channel bit rate is assumed {o be 11 Mbps
where multi-rate capability is not supported [1]. The values of
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TABLE 11
PARAMETERS USED TN THE SIMULATION

PHY header 48 us
Preamble duration 144 us
Average channel bit rate 11 Mbps
Propagation delay 1 s
Tsirs 20 ps
Length of time slot 10 ps
MAC headar 272 bits
RTS 160 bits
CTS 112 bits
ACK 112 bits
RTSThreshold 1000 byres
Rp, f1, Re 20,10, 6
Lo, L1, L2 16, 5,3
Yo, ¥h, ¥ 30, 25, 15
Up, Uy, Uz 55 5
VD, Vj, V2 O. 0. O
w 5

TABLE 111
TRAFFIC CHARACTERISTICS.

Yoice  Video FTP
Codec algorithm G729  H.262 NfA
Average packet inter-amival time {ms) 20 49 best effort
Payload length {byte) 20 500 1500
Bit rate (Kbps) 8 1040 best effort
CWoin 8 16 32
CWmax 16 32 1024
AIFSN 1 1 2
Minimum required bandwidth {Kbps) 8 100 0
Maximum delay taleration (ms) 5 5 oo

parameters used in the simulation are summarized in Table I
There are three waffic classes in the simulation: voice, video
and FTP. We assume that voice, video and FTP are mapping
to traffic class 0, traffic class 1 and taffic class 2 respectively.
The traffic characteristics for these three traffic classes are
shown as Table III. It is noted that a FTP flow has no QoS
guarantee, i.e., the minimum required bandwidth is zero and
the maximum delay toleration is infinite.

The proposed admission control game was simulated to
show the performance under an overloading condition, ie.,
the system cannot admit any class-& flow to transmit for
0 < k£ < 2. In order to create an overloading environment,
the traffic load is continuously offered in the order — one
voice flow, one video flow and three FTP flows — until the
system cannot admit any class-k flow for 0 < k < 2.

For simplicity and convenience, the sensitivities of band-
width violations and tolerations of bandwidth violations for
voice and video flows are assumed to be equal, ie., ap =
and Ay = S, and are denote by a” and §* respectively,
In order to reflect the high toleration of FTP flows, we let
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TARLE 1V
NUMBER OF ADMITTED FLOWS (a* = 10).

as =oc and F = 1.

In Table IV, we show the number of admitted flows in the
proposed admission control game, in which the sensitivities of
bandwidth violation for voice and video flows are set to 10,
i.e., a® = 10. In Table IV, we tune the tolerations of bandwidth
violations for voice and video flows. It can be seen that as 3%
is greater, the number of admitted flows for each traffic class
is greater. System administrators can tune the value of 5* by
considering the tradeoff between QoS guarantees of ongoing
flows and the revenue.

In Fig. 3, we show the average throughput for each traffic
class in the proposed admission control scheme under different
values of sensitivity of bandwidth violations and toleration of
bandwidth violations. In Fig. 3(a), the average throughput for
voice flows is higher as ¢* is smaller. Similarly, Fig. 5(b) and
Fig. 5(c) which show the average throughput for video flows
and FTP flows also have the same sitwation with Fig. 5(a}.
As seen from Fig. 5(a), Fig. 5(b), and Fig. 3{c), the average
throughput for each traffic is decreasing as 3* is increasing.
The reason is that the number of admitted flows is increasing
as J* is increasing.

In Fig. 4, we show the average packet delays for different
traffic classes under different values of sensitivity of bandwidth
violations and toleration of bandwidth violations. The average
packet delay for each traffic class is greater as §* is greater.
Also, the average packet delay for each traffic class is greater
as o* is smaller.

Fig. 5 shows the bandwidth violation ratios for voice and
video flows. As §* is greater, the number of admitted flows
is greater and hence the bandwidth violation ratio is greater.

Y. CONCLUSION

In this paper, we analyzed admission control problem by
using game theoretical framework, The system environment
we considered was within a local region in which multiple
service providers compete for providing wireless Internet ser-
vices. EDCF protocol was implemented in all APs and mobile
stations to provide service differentiation. In the competitive
environment, we addressed on the resource management prob-
lem that how (o increase the revenue for service providers
while fulfill most part of QoS satisfactions of ongoing flows.

In the further research, we will consider both real-time
and best effort traffic and investigate joint admission and rate
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controls to not only provide QoS for real-time traffic but also
ensure throughput for best effort traffic.

REFERENCES

!

—

Wireless LAN Mediwmn Access Control (MAC) and Physical Laver (PHY)
Specifications, IEEE Standard 802.11, 1999,

Wireless LAN Medium Access Conmrol (IMAC) and Physical Layer (PHY}
Specifications: High-speed Physical Layer Extension in the 2.4GHz
Band, IEEE Standard 802.11b, 1999,

Wireless LAN Medium Access Control (MAC) and Physical Layer (PHY}
Specifications:Medium Access Control (MAC) Enhancemenss for Qualiry
of Service (QoS), IEEE Standard B02.11e/D4.1, February 2003.

T. Basar and G. T. Qlsder, Dynamic Noncacperative Game Theory, 2nd
Ed., Society of Industrial and Applied Mathematics, 1999,

I2

—

(3

foar}

4

IEEE Communications Society
Globecom 2004

2986

[61

7

[B]
&

—

110]

[11]

June 2003,

Y, L. Koo, C, H, Ly, H. K. Wu, and G. H, Chen, "An admission contral
stratepy for differentiated services in 1BEE 802.11," Proceedings of the
IEEE Global Communications Conference (GLOBECOM}, vol. 2, San
Francisco, December 2003, pp. 707-712.

H. Lin, M. Chatterjee, S. K. Das, and K. Basu, "ARC: An inte-
grated admission and rate control for CODMA Networks based on non-
cooperative games.” Proceedings of ACM International Conference on
Mobile Computing and Networking (Mobicorr), San Diego, Califomnia,
Septmber 2003, pp. 326-338.

R. B. Myerson, Game Theory: Aralysia of Conflicr. Cambridge, MA:
Harvard University Press, 1991,

D. Seggern. CRC Standard Curves and Surfaces, Boca Raton, FL, CRC
Press, pp. 124, 1993, .

U. Varshney, “The status and futore of 302.1]1-based WLANs," Com-
puier, vol. 3, pp. 102-105, June 2003,

M. Xiao, M. B. Shroff, E. K. P. Chong, "Utility-based power control
in cellular wireless systems™, Proceedings of the IEEE International
Conference on Computer Copununication (INFOCOM), vol. 1, 2001,
pp. 412-421,

0-7803-8794-5/04/$20.00 © 2004 IEEE




iy =% —




. o : #_FmEsK (1)
AR ER AT RR Wy - [EEES02. 11a OFDNARHCH SR I I SR

FREn

1EEES02. 11a % 8 3% M0as-18 0 ik f 0k 32 I 3 R B

[EEES0Z, 10a/b/g 5, B/2. 4GHz S MM 8 354 AR RN &R § 330wt ..

[EEEBDZ. 1ln eih B imes it SR HCM M BIR A R BB 254K e ; Sty SNR Regurement for PETL<10%
L - ons [ som | 100e

JEEEROZ, 118 f b @ 3RM0I5AR okt W3R AN ST R T 13- W4t i

IEEER0Z. 11a/b/g 5. 8/2 AGHz AN SR i AR O R 29 T332 1o 84 0 84 EPSK

[EEESOZ. 112 # 48 G A0 i itd WR4E G 4  90 AF 5 I 50 0 R 0 0t
A = ; s

Chun-Chih Hou, Ching-Chi Chang, —Kuang Yang, ~A -band 3

TEEE 812, 112?13:;5 P ver Hrt-and ing fialf-1¢ and el : Legan

Conversion, " -ASIC 2004, Fukuoka, Japen, Aug., 2004 prmvy
Chun-Chih Moo, Ching—-Chi Chang, Chorng-Xuang Kang, “A Variable-
length DNT-based FFT/IFFT Processor Por Vdsl/Adsl Systems,”
suheitted to ARTCAS 2004

«Performance summary

7 | 116
o

110

&8
Ba | 158
L] o8
2.0

L)

293

# gk (1)

s RFARS A RMFN TR Y R RA

« IEEEBOY.11a Baseband  » IEEE8G2.11ab/g RF Front-end
Transceiver System LNA &nd 1* Mixer

Dolte: Rks: 12 MU, 4,54
| o

Waduiotion | (SFEELQPEKLEGAN, bagaet
dormn

OO Tolrmese | s2Mppwiriniieg
THO Telwrmes 3 2opyen L LI ki)
Tackmsigy | TEME L 10N CHEE

L2GH « L3MGl
108 i 462 e - EEEESUZ | g RF PaoMond Edpiaa | A3udbee [Lrae
L2l bk LNA s | Miser

e Eanaly senm
LT

D 1/5 TF for IEEE 802.11a
O Half-IF for IEEE 802.11k/g

& 18 28 TR R

s RN LS

[

RERERESHMA

§ = Wircless MAN IEEE802. 164 suR#ust 3 = Wireless MAN @31 & 4p 2R 4R35t |
g = ZHPAALNAL S ON0SH 3 n SEAAMRAER K R ATH 3
% » % $A% &5 4Anixzer E 8 SACMOS# 3t :é » SESIEIIE A TE B B ikt A g
% L] IEEEBUZ lﬁﬂﬁiﬁﬁ%ﬁﬁéﬁ#iﬁﬁﬁi M » %ﬂ'ﬁﬁ%ﬂﬁﬁﬂaﬁaﬂ gﬂﬁ%%%ﬁsﬁﬁ




Ak e o R R R e (MINO-DFDN D et i e D 3X,
LEY S LR EAETES L 14203780

R4 Q AR A02. 16a) 2 R FRERR

AT A M (R0, 16002 0 ISR IR I a3t

EETEY
Bt RS £ WAL R AsE (N INO-OFIN) Mkt %
Wik Gk AL 05 4 04 - M B LR o 5 SR R &
SRS K502 160) 2 W R W Bl

LE4 .3

Chi-Yeh Yu, Zih-Yin Ding and Tzi-Dar Chiueh, “Design amd Simulation of a
WIMG-OFDK Baseband Transceiver for lligh Throughput Wireless LAN, ©  submitted

to APCCAS 2004,

1EE| I Mode Subscriber Sistion Physical Leyer Inner
Transceiver,” submitted (o AACCAS 2004,

L B EmEAR (ID
. - B2 1B AR R4t - < B4 LAk R

#HMEHA FHELD
- n ,'m M fgeguanoy
FFT S0 -
Effecilve nubcarrers
Baaviidah M-y
- Ginrd Qe [us)
[ T
Zypaiel e (s
" Bubcarriar £pacing kHz)
Sanplig rala [MT

b uen dite rake (Wbps)
S THE RO WL gt BATE 300

Part it Eart Ul

oy = H3tE 2 THERE

R R R E RS 2R RN R R TS
Wit R

» i RRE SR 2INL R B2 BT

n BRNETERER T ABU TR %
B EiE

SanEvJung Yan& Yi-Ching Lei and Tzi-Dar Chiveh, “Design &nd Siwsulalion of
L Bo2. 164 OF

ol o1
(EHFREER=T T+
e = S

e

ar L T N N ]
L, W rales mibehah

MIMO-OF DM & 77 Flik B8 AF B02.1628 OFDM % #4290/ B8 S R R
# esikE (PER) £; FMRBS A Tk {BER)A R

I 7R R

SR ARG EREBZIH2ERRERER
FPGARg 3%

B ERERARZ AR R R H RS
£ QA F BB LN THITCAR

E

8406 BB EBUERIPEF




o mcile

Fz AN RS E RN A 2 PR

FHFA L RRFHE(AERE)

MR ES

s AN EREEWMS I HIPH A RN SR TY
RIHWHATAR

« e EEESRLTERER L HA0 [PR @Y
3w Rl

« FRAER

o BAERA R/ ean
FH-MEFIHRES TS
REE e E IR F A
HIBSAAGAESRR2TERER 2 80P
VAARM S 2 ot r s ik 4o 9 3] SE G RB1R Y

FHYZ AN EREREE 2 TS RIPRAE R
EHARETRE(EHEAE)

£

. Bunllﬂ-r_PE Alﬂl""ll.l'rl

FH#E CEaArEASE RSB aRE FIFRITAYE
EHAEETFHBEERY)

: TT—

409(37%)
248{45%)
F

3%)

41(3%)
0[0%)
138(12%,)

1062[100%

[ Chp Summary |

FIHEZ ARR ARG RML L E R IPRTAT AR
A ARFHEEHAS)

Ard

~

‘E“:h [?L‘)
ol

Trotanler

Akara FLEXYR2DOE(EPF WOHZ0SRT 24D)

i Fodlsc @RS ARG RIS oRE FIPRTAER
gy A BETHR(SMAL)

2404
» Fi8-Fi B P4k - #2245 % (Reed-Solomon Codec)
WIH L

= Tsun-Shen Chan, Jen-Chih Kuo, and A. Y. W, "'A Reduced-complexity Fasl
Algorithm for Seftware Implementation of the IFFT/FFT in DMT Sysiems," in
E SIP Journal on Applied Signel Pracessing, vol. 2002, no. 3, pp. 961-974, Sept,
2002 (SC1 Expanded, Full paper).
A, Y. W and Cheng-Shing W, “A Unified ¥iew for Vector Rotational CORDIC
AYponithms and Architectures based on Angle Quantization Approach,” in JEEE Frans, k
Circuits and Sysiems Pari-l: Fundamenial Theary and Applicatiors, val. 49, no, 10, pp.
1442- 1456, Oct, 2002 (Full paper, SCI, EI).
H.¥. Hsu and A, Y. Wu, “VLS] Design of a Reconfigurable Mulli-mode Reed-
Solomon Codec Jor High-Speed Comrunication Systems," In Proceedings. IEEE
Asis-Pacific Conference an ASICs, pp.359-362, 2002,




BOAT FELE MR A TR
* R WS rennflased] DEPH it
LLELLUS (OIRR L gl g is
NEF W [MHeT 2
MEKA
AMTERLEEB AN LT LR
#0 S
[ L UL R JUNNES S0 X 2ok 3
. [ EERLIN 308 1
BAREY

Ya-l B-lpe Jou mad W Ihel:nm Herin bwar iz Keslod ! Parsmerarioed and

r ME E’H’E;mﬁ »and Su:ﬂ & 3 El!ﬁdlnﬂuhw D siug’tr:m And Snln

Inlemtlnn of Nised [plormtion la:hrnl

Yab =) Yri- oo hl B N Lan| Peramererized ma

I mlﬂ& Sﬂi E“J:;E l:‘ u'lul Tering Hapdware Netted Loop of Perseeteri d

‘rl -Len TR ‘fu—ihmlm. Yoi-Jwp (hee Bo-Shi Boang aad Svh-lpe Jou “N wodule geserntor o

haramel ori e 38F ¢ope,” 2004 [EEE hsna- PEI!J:ED’GEM on Cirtyits and Sywtems

Ya-lan Taa b-Owin Lin, %i-leo Oﬂ. Shisng Hoang and Shph-lpe v "2 wodul e gencreior for

gnﬂnlmuﬂ]ﬂiP{mr = ~hi nd Syh-Jye La < | of DSP Cove K«
Lan w-Jimn_Ten ¥ Power Correlnier

[ camani CAT iy Brsitm - ithEE i‘-‘i‘- ::::I'I: c;nlo'r:n:l:u nrmﬁfm Syr: H o

=& AK (1)

»_Stream Based 1/Og) % 4 3 i ()

F=Fmamak (1)

- , = Stream Based 1/0 &ﬁiwﬁiiﬁ._tsﬁﬁ

=& AR (1)

» Stream Based [/0&VWireless LAN®I %45
"

No stream Stream 10
10

Area | 103240 105714

{gate count) |{gate count)

Areaoverhead is only 2.4%

P ’?t" ~N i
EZFmrAaR (IV)

TSMC TSMC
Technokgy D35um 0.25um
SPOM 1PSM
Avarki) 350 | Artisan Q.25
Cel Lbrary m Ceb Lipraty | Cel L

Supply 33V 2.5v
Pipeline 6-stage 6-stage
Max, Chack 100MHz 110MHz

Gate Courts
{memory b 49,805 75611
net inchuded

| siztaapx, | s12v2mm,
N On-Chie | 5onighn, | 512* 1avi,
5P chip in 0.25um standard cell Memory 6416 bt 64*16 bt

Power

Consumption
KA

ﬁﬁ{iﬁﬂﬁ#ﬁa -‘tIP’Jbi‘ﬁ,

Instruction Set

Statem ent

Branch

Condition

Test_vn_merge

Arithmetic & logic operation

Flow control operstion , i

Modity RTL tade




Fogmisk (1)

o SR FRMRRIEY

HMEEL
Bl ARESEBEEENEHARTRAEE

b Sk ais M g B AR T &
B EHBORMER LM AREE - Bt
HRAR
B e R B AR TRT SR
v MR W B0 B L 6d W R
» WXEX
a  Hung-kai Chen, Chauchin Su,"Convolution Based RF
Transceiver Testing Methodology™, IMSTW 2004

CHBo#EmrEAaR (1D

q@i-ﬁ%ﬂwﬁmﬁiij%

Convelution : y{t) = x(t)*h{t}

Y(s) = X(s) H(s)}

H{s) = Y(s) 7 X{s)

H{s)db = ¥(5),, - X(s),, (log scale}

1B nrn womy e e o -
DA 24 MM WO 24 DA Zedy DM T4T

Irwq. 3Hr
q'@c zain of a power armplifier

!

-
L g
T 7 AN TaRL AN 05 4T 0T M | M OGS

req_ AHr

Ideal Mixer 1P3=1 dBm The multitone test

R —

5 o« BSRBMRSRRBEUDC/DAC) R o AR SR BT M ET k
: PR T LT Y Y LTI 1|
w #5802, 11a ZREH -~ ¥48 - 4144 o EE AR LE SL A dE 3k B 00 S 40 A 3R 55
e _ A% VM B RR
S e RES2802.11a B BT S TITPL FPETE S S |
L e HORWNNAMEHREBMZRRE AR - FH - KA :




o EA AR (D

s = QoS in IEEE 802.11 WLAN

MEER
« 1BEE B0Z.1le WLAN % QoS

v AL E e 2 QoS
= HMAAX

N g&jEE 802.1le % priorty-based R fairness-based QoS &

DR 31§ o AR TE L

« WXHEA

= Hsi-Lu Chao and Wanjiun Liao, "Fair Scheduling with QoS
Support in Ad Hoc Wireless Networks,” accepted by [EEE
Transactions on Wireless Communications, 2004.

»  Hsi-Lu Cheo and Wanjiun Liap, “Channel Compensation for
Multimedia Wireless Ad Hoc Networks with Channel
Errors,” accepied by IEEE Transactions on Wireless
Communications 2004

Pl k=), ¥ {0 -1hie (M)

PLOK 130y it~ PCHHL, K e(LM]ie(0M)
* Muarkoy Chaia Model for AC Backolf Window St e x1/- 100w pCUK,  Fe(LBE)ie(L M)

PIM MDY x PCIW,,  Ke(l,W,}

Fofmiai (1)

» BRMEES AT HRRE

oty
, i
2

! reli)z0
= ‘I—tz:- %&h ]T"(F]dJ

Bast affort
Guannteed

=

Flow throughput Network tepelogy Share degree

TREARH 5 A R

$oEs 2 TERY
» 32 HIEEER02.16 MACZ 3 45 94 L &)

« [EEE802.16 L2 &

. R A = $t$1EEEB02.16 L7 Fl 49 QoS T 4E 32
« MAC #4412 TCP 4 % 5.1 S AT R 3 a4
. Q0S 41 » 5 #IEEES02.16 MAC %t & i % &) %
» HIEEEBD2.11 R IEEES02. 165 77 2 s 35 28 4% ¥
PMEXEHERUME LB » SHWIFIRWIMAX 09 @B 248 0 8

HAATE > RERESREL-
# 1 BWA L #4Reliable Multicast4 #1

o T3 A R




B RAER
W BT RS R R
o TEPLREE S EEIEE I
= HRAER
o LIERa T WMk RIEATR I AR &
n TR SRR sk R Bk S sl AR 3
= RIER
M Eric Hsiao-kuang Wu, Meizhen Chen, “JT4

A T LA

CP, Jitter-based for Wireless
Melwarks”, eccepted for [EEE Jaurnal of Selecied Area Cor

Yang Chen, Eric Hsigo-kyan

Scheduling far

A Load-Aduptive TCP-Friendiy Rame Control Protoeol for
Applications™ wil| appear in Pfoceedings of IEEE 1CC2004

Shi- NF ]fWu. Yi-Shuang Chen, A New Approach Usi
Based Model for TCP-Friendly Hale Estimation”, appeer in Proceedings of [EEE
Eric Hsim-kuané Wu, Hsu-Te Lai, Meng-feng Tsal, "Low Latency ang Efficien Packet

reeming Applications”, will appear in Peoceedings of 1IEEE 1CC 2004

- Eric Hsiao-kuang Wu, Chien-Shao Tseng, Chung-Yuan Chan %;'feng Tsgi, “TMRC:
R nltmedia

# ok (1D
- MR THBALR S

#—FRERR (1)

- RS A TR R R E 1 41

4+ N w ot & t 2

ety ——
.

et e

AT R R R R

F R AR (L)
« RRE RS THRER B

&

FREE S E R RS R

« ¢ X p % x n gy ywd

et

i —
MemCdparcae e ey ot
e

P o~
it o

A T A B i s L

BHA B RS R L

| BTAWIEEER (IV)
iy * TR SBARESRBRTHAR

e m e e e 0000
B, 1 et
S S
28000
0
| i
S oo / i .
~ -
o =
B -.—-\~~ - e J

s eeee e T L BLI yoraven -
TrFA i YAb4a sy HEEE LIV A4 d by 1 E ]
I

AERS ARRA TR T I e

R IR SCTCP Friendhiririg g

]

BN ARG R R R

BRI R AR

w Wireless LANLBPsfii e m A s\

BROF il 8k & AL ML Bin 4l e

A FRAHH

BT AT
BPEFARLIN B A S BRI RIS IR K
BREBRETEHSHEMMERERE

WL E AR R BRI AMBIHE

B adlidn it o Sl

3

R A N

R

S

FTET LA



U




- JE AMIMO-OFDM % #5 2 538 & 45 (2 5, 4028 AR 35 B I8
 E(CE )

NTUEE RiicroSyctom Reglehila, 1

o 76 MIMO-OFDM 3 2 % i 44 &
A R A T R A(CER)

* HiFBRA
n & HMIMO-OFMDA: fir = % id B 45 BSR4 M TSR
%A
+ MIMO-OFDM I 48 4 12 B 45 8 42 5
+ MIMO:® i {8 #2 42 X, { #& M IEEE 802.11 TGnxMIMO
Channel model D)
+ MIMO-OFDM % 3848 M4 8 3 5 A2 A,

¢ A AKBRAANAS
s EEMELSSEREEE ERE oS REMRN TS

NTUEE MicroSystons R(@r.-h Leh, 2




\ J& Fi MIMO-OFDM i 2 % % 4 4%
| B B AR IR s 32 R AR(CR )

* ohfEdn i
n k4482 MIMO-OFDM 2 48 4 4 #% B pre 802.11n » & 4 5GHz

G UNII4g 4 5 20MHz 6y 48 5+ 450 SR8 45 R 4 8 iR 3 i
KT S TR -

! « BBk AW AIEEE 802 11aZ R EMAE (PHY) B#te |
% (54 x2 =108 Mbps) < ™ & 440 & R i —3F ik A 4 4
b THGWEERELIREETG &AL A HeMACPHY
46 (80%) 4oik AJFFE 802 11ne R B2 K — WHS
Fud 318 ( MAC) 48 #5 % 100 Mbps = 2 x 48 X 6 x (7/8) x
(80%)} /4 -

NTUEE BicroSyztem Regl@hchlah, 3

@ J& A MIMO-OFDM 3 4 2. 5 1% . 4%
W & mmnimnL 2 esCex)

! T L

s B AMEEREANSK 12-24-48-72-96- 108
Mbps - & i B M A8 F A B MIMOMg & 7 X ( VBLAST &
STBC) ~ AFE &5 H L] { QPSK -~ 16QAM - B4QAM) 11
A FE 24430 2% (Punctured Convolutional Code Rate
=1/2-2/3-3/4) -

» HMEAAMIMOAH MY A Pma£EE  MIMO
channel model D « stidid 40 & JF & #3448 (NLOS) » RMS
delay spread £50 ns - B4 =@ cluster - B £ % = Rayleigh
fadingté gt B A 4 M4E = B 2 & s — GF BLAL0H 6 08 A% oo
R % £ w s e power amplifier (PA) non-linearity ~ carrier
frequency offset {CFO) - phase noise - I/Q imbalance - DC

offsettiming offset (TO) -
NTUEE Microtyeon Rogid Lek, 4




sy & A MIMO-OFDM# #ir 2 & & &%
Y e AAREREEH(CRER)

* I)bnb Wi
w AP E S BREPH RSN ESAR E B EiFcoarse
and fine symbol boundary - fractional CFO - 3f 43 oy Heik 5 4]
if‘ﬁ# (FFT) s din Z 4048 - i AHCFOARTOZ
o W B RN E FodT KA A4 EHUAM T BN
ﬁ”*mmﬁéﬁ% BRIk RS RETH
%ﬁd&’ﬁlﬁ?’* e - il - FHQEAHAVBLAST %4
- i# frordered successive cancellation © FiRiBA B & kA
'»‘Eiﬂ%éﬁmiﬁ o ShEEACARAEE G AR R EARMEE - R
WEMEA
» LT & $IEEE 802.11axipre IEEE 802.11n4f 45 5 48 8] -
—4 RIS T 2x269 4% A (VBLAST/STCY ) - &+ &
TSI« LMRC)IE SR A - v 24 802.11a -
NTUEE MicroSyefom Reglareli Lalk,




i 5




RAGHRBARTEXIEIHALFEARTERE

93 # & A 17 H

D msams |zEx Bk | BrEMALTMIA
ELEH A

€ AR R HEE |Aug. 4~5, 2004 HE %I

HF 7% H NSC-93-2213-E-002-001
FHAEME  |(PR)2004 ZRAEBRLZH TR TR
{34 30)2004 Asia-Pacific Conference on Advanced System
Integrated Circuits (AP-ASIC 2004)
—
HERWHXAE |(TX)

(1). f&e 7 RIRBRH LB K2 64-QAM {5 F IAF M
(2). —EEA IR EBIRE TR YR IAE 45 IEEES02.11ab/g
(3% )

(1). A Hardware Efficient 64-QAM Low-IF Transceiver Baseband
for Broadband Communications

(2). A Dual-band IEEE802.11a/b/g Receiver Usmg Half-IF and

Dual Conversion J




g‘tﬁﬂ@niﬂ' I

BRI REBIT - #EHA21{Esessions - FRATEIRE R papers BIEE 11
Ed18HYsession * BFIEEMAIY TF » B— R — KPR I G HRIBE BT IR
FARREE R - FERME T 2 SE KRR - BEEAGRERER R
HUERE - HIFAiE2 1 {Elsessionssr Z @ HEAGETT - Rt EAEHERIETEYER
g 0 FTLARMERE R T AR B AR R - HE—RKE LRE—HE
session * 35 4¥ [ Session 3:Analog signal procession circuits3EFEEY » FlIETFE
% » 3X3:’IFE T Session 8. Analog techniques for RFIEEHE » MEE@H=HE
TMEB R Hsession L BEE - BEUELAEE— TR - MRS
PR E EEF MY (B VRIS  WRIGR S D EV BB -
% T 24 Session 11:High speed and wide-bandwidth links » AV HEEE
% » "A Hardware Efficient 64-QAM Low-IF Transceiver Baseband for Broadband
Communications” » $REERRIEF] > 11 B EH 5ETE X ERHEIIRE
TERR SRR TR o

5T RAYE FFREEHT T Session 15:High speed linksZEEEy » THHEER
— (I FVERRI AR TEE [Blsessionff s - EERETEE » THRIE—{Hsession
FERRIEHERE  BAE T HEEEBVEERIFIENEHE-THE
CHIFRE N E » T FAY5 Z {f sessionb E& 3% HI| %l Session 18:RF  front-end
circuitsZ + ig {flsession R W papersi @ RAVELG T =& > T B IEVSRYEE
TIERE AEEES: - MEAYBEEEE & » A Dual-band IEEE 802.11a/b/g Receiver
Front-end Using Half-IF and Dual Conversion” « fEF|$ & 52 % » B2 E Invited
Talk B Panel Discussion * Z{REHFEH TIERIEEE -

- HlE s

f_“Zf“{EI’JAP ASICEFE HARMERTT » HET GREEREE_E P iny SR DU e
 HEES RS RNBRRBUEREDZE T ABLUSEE - BT EEHErE
9%’% HH SRR A - MBESTEREARRB A - HOFIAE
RHIIVERSE T EMBE - NEWERNER - RRENIH AR ABRE
W B ARG OB R R R TR sy ¥
B -
TESBRETERER LIRS ER T - (RIS S AR S BIRE 2 /e T
I:tt Hig A L2RAGITEL: - BART S ot S H LIRS S3kE - BE
HHARENHS - g#EEsession - FERE T LERA KB S HEEHE
}’é%ﬁﬁﬁﬁﬁ{ﬁﬁiﬁ:ﬂi RUBERRE AT AR » EE K@ DI KA RS R R TE
EHAFKERRT A F R ERAEMER - THRE—SAENRRRE



& BT RN SE S R - TS ETEE RAP-ASICRY iR S LB 2 Biny X
£ ARG IV RIE DR RN - BUSEIRAORE - IREETE
FFZ A AR RBIEH T E%ﬁﬁuﬁﬁﬁ%‘i%‘n% » AP —E A BRI TS
£ EARMES B HNE MR - EREEE A EERM -

=

. SRS SN A BRHEE AREE BRT R T#E
R B R EE’J%E?EFE » AT LAR S H SHTREY - BIPIHTE A BIETH
BSHEEEAEGE EE YRR RARENE

2. EEIEQE%%‘“%%E%H#F@L%%{EE FE NSRRI AT LR
& DIER FEFHRAHREE -

3. AP-ASIC 1B -RIEGHE - B - BB R ARERT - EEARERSF
e K AU S G SRS - R TR R B R H B LA RIS A
e ERIRS - [FIRFEREHE R PUIREE » (AN T i B S
£ -

Y - IR R

1. AP-ASIC 2004 ProgramfProceedings&—4~
2. BERTICD-ROM —1  NERMERERRNIAE

.~ HAth

LB T S A B RO R > PRI F i B
ke HESEERFSRIIAZR  REEHERBEAMLLEEEEEEE -
BSE R —F AL ER - S #Conference BYRE » BAEEIRS I HE 2 A 12K R -




A Hardware Efficient 64-QAM Low-IF Transceiver Baseband
for Broadband Communications

Ching-Chi Chang, Muh-Tian Shiue*, and Chomg-Kuang Wang
Graduate Institute of Electronics Engineering, and Department of Electrical Engineering,
Wattonal Taiwan University, 106 Taipei, Taiwan R.O.C.
*Department of Electrical Engineening, National Central University, 320 Jung-Li, Taiwan R.O.C.
E-mail: ckwang{@ce.eentu.edu.tw

Abstract— This paper presents a hardware efficient VILSI design of
digital baseband for 64-QAM communication systems over the last-
mile cable network. This VLS system design involves a cost-efficlent
architecture of the adaptive equalizer and a two-phase linear architecture
of the pulse shapinpg filters, which reduce the hardware reguirement
by a factor of four comparing with traditional quadrature direct form
FIR filters. In this design, the two-fold carrier recovery loop possesses
a pull-in range of £100kHz (i.e. £18,500ppm of the symbol rate)
and —82dBc jitter suppression. Based on the proposed mulbi-staged
LMS-based fractionally-spaced equalizer, the receiver realizes the symbol
spaced timing recovery in a +200ppm tolerance of the symbol rate.
The acquisition time of the proposed 64-QAM blind adaptive system is
Trs, and the transceiver reaches the operation speed of the case for
32.28Mb/s 64-QAM low-1F digital CATY system over NTSC SMHz
bandwidth channels. Using 0.35um CMOS technology, the transceiver
design occupies a chip area 5.5mm X 5.5mm and power consumption
1.35W (1.0W for RX) when the power supply is 3.3V

I. INTRODUCTION

Fig.1 shows a typical functional block diagram of QAM transceiver
for last-mile broadband digital communication systems, such as
digital CATV [1], SCM-VDSL [2] and Wireless MAN [3}. The
transmitter mainly consists of an FEC encoder, a symbol mapper, a
Nyquist pulse shaping filter (PSF), a quadrature mixer, and the analog
front end (AFE). o the receiver, a digital quadrature mixer and two
identical low-pass filters (LPFs) are used to demedulate the received
passband signal. The coherent carrier recovery (CR) loop is employed
to combat the performance degradation from non-coherent receiving.
The timing recovery (TR) loop for symbol timing synchronization
provides the ADC a proper sampling instant. In order to combat the
ISI caused by the band-limited channel, an adaptive equalizer with
blind adaptation is utilized.

In a conventional architecture of a baseband adaptive QAM
decision feedback equalizer {DFE), both feed forward {FF} and
feedback (FB) filters contain tens to hundreds adaptive complex taps.
This requires a significant hardware on an SoC chip. In order to
reduce the chip area, the equalizer can employ a multiplication-
and-accumulation {MAC) unit with higher clocking rate by paying
the power consumption and circuit complexity [4]. Practically, this
advantage will be eliminated when the equalizer is designed to
combat varigus channel conditions with variable equalization tap
numbers [1][5]. In a coherent recetving, it is then imperative to extract
frequency and phase of the carrier from the incoming signal [6]. Most
of the data modems require fast carrier frequency/phase acquisition in
the startup and high jitter suppression in the steady state. In practice,
it is hard to be satisfied in a simple CR loop, especially when the RF
local oscillator (LO) frequency offset has to be taken into account
in RF transmission systems [1}{2]. In order to reduce the transceiver
chip area, the PSF in the transmitter and the LPF in the receiver
can be replaced by umage rejection lowpass filters (IRLFs) [7]. The
IRLF is a linear-phase half-band filter with an I/Q-path interleaving

scheme. The hardware cost of the IRLF can be further reduced by
eliminating the long delay line which is proportional te the number
of coefficient taps.
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Fig. 1. Functional block diagram of QAM transceiver for broadband
canmmunications

Based on the QAM transceiver architecture shown in Fip.l, this
paper presents a hardware efficient architecture for the multi-stage
LMS-based blind equalizer. The propased pipeline architecture of the
equalizer shown in Fig.3 processes some paralle] parts sequentially
ta reduce the hardware requirement by a factor of four comparing
with the architecture implemented directly from the transfer function.
Taking the advantage of the T°/2 fractionally spaced equalizer, the TR
toop shown in Fig.4 utilizes a baud-rate decision-directed early-late
timing extraction scheme to achieve a £200ppm timing frequency
tolerance within Tmms acquisition. Since it is mandatory to provide
wide locking range and low jitter variation of carrier recovery in
a high constellation QAM RF transmission system, the proposed
two-fold CR loop can achieve a locking range £100kHz (ie.
+18, 500ppm of the symbol rate) and jitter suppression —82dBe for
carrier retrieval in a single architecture as shown in Fig.7. In order
to further reduce the hardware complexity, the proposed architecture
shown in Fig.2 for the two-phase linear FIR filter can actualize higher
hardware efficiency than an JRLF can do.

The organization of this paper is as follows. The transceiver design
is presented in Section IL Section III presents VLSI implementation
considerations of the transceiver. Section IV shows the simulation
results, and the conclusion will be drawn in section V.

II. TRANSCEIVER ARCHITECTURE
In this transceiver VLSI architecture design, the 64-QAM
4,035M H z low-IF digital CATV system is demonstrated. Based on

the various digital CATV channel models [8], all the functional blocks
are designed to overcome the non-ideal transmission circumstances.

A. Transmitter

In the proposed QAM transmission svstem, in order to avoid the
drawback of analog demodulation, such as DC offset and mismatch
between quadrature paths, the low-IF 4.035M Az modulator is
implemented in digital domain. In addition, the anti-sinc FIR filter



with linear phase is used o compensate the inherent DAC distertion.
The square-root raised-cosine filters with a roll-off factor 0.1152
are employed for both transmitter PSFs and receiver LPFs in the
CATY system, The proposed two-phase linear FIR filter architecture
shown in Fig.2 translates the linear phase FIR filter into a linear
phase halfband filter. Using the two-phase clocking technique, the in-
phase data are laiched by the negative clock edge in upper registers
while the quadrature data are latched by the positive clock edge in
the lower registers. The mutiplexers (MUXs) are controlled by the
clack phase to pass the in-phase data to the adders when the clock
is high. In contrast, the quadrature data is passed to the adders when
the clock is low. Comparing with the traditional quadrature direct
form FiR filter, which is composed of 2N multipliers and (2N -2}
adders, the hardware complexity is reduced to (N 4+ 1)/2 multipliers
and (N — 1) adders, where N is the tap number of the quadrature
PSF. The power consumption is approximately half of the traditional
quadrature direct form FIR filter.

Fig. 2. The proposed two-phase architecture for the pulse shaping filter

B. Adaptive Equalizer

Based on the multi-stage and signed delay-LMS algorithm [8), the
modified LMS algorithm is shown in the following.

Clin+1) = C(n) + - rin~ 1) - sgn(e"(n — 1)) )

where C(n) is the adaptive complex coefficient. u is the updating step
size, which is designed to be a number of power of two for scaling
the signal ~(r — 1} - sgn(e”(n — 1)) in cach adaptive stage with
a factor of two to eliminate multiplications. e(n) and r{n) are the
error message and the received signal, respectively, and the complex
multiplier is replaced by a two's complementer. A stop-and-go flag
mechanism [9] associated with w is introduced fot blind updating. The
reduced constellation algorithm (RCA) is adopted to blindly start the
equalizer in the acquisition state.

If the direct form and fully parallel process are employed to
construct complex filter banks, it will consume (4N + 4Af) real
multipliers and adders, where ¥ and Af are FF and FB tap numbers
respectively. In order o reduce the hardware cost and circuit complex-
ity at the same time, the §-stage pipeline architecture shown in Fig.3
is proposed. The clk in Fig.3 is &-times of symbol clock rate, i.e.
43.04MHz. The complex-value convolution is sequentially performed
by four real value convelutions during the preliminary three hardware
stages. After decreasing delays, the real value convalution resulis are
ready at T3 to 76, and complex-value sums, slicing, equalized signal
SNR calculations and 1/8 decimation are performed in the final
stages, 76 and T'7. The proposed pipeline architecture of the blind
adaptive equalizer consumes (N + 1) real multipliers and adders
which is only a quarter of the architecture implemented directly from
the transfer function. The programmable numbers & and Af can be

easily set up according to the channel condition by the hand-shaking
protocal during the startup of the transmission,
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loop

Fig. 5. The phase detector and the loap filter of the timing recovery loop

C. Timing Recovery

Instead of suffering signal SNR degradation in an all-digital TR
loop with an interpolator, the mixed-mode TR [oop architecture
shown in Fig 4 is devised. Practically, the stochastic estimation tech-
nique cooperated with a digital phase-tocked-loop (PLL) is employved
to matntain system stability. Based on the baud-rate early-late timing
estimation algorithm shown in Eq.(2) [10), the decision-directed
carly-late timing estimation derived in Eq.(3} is proposed.

e(r) = Re{An - [yeq(T17} = Veo{ =T, 7)]} ()

e(r) = E{sgn(ln{r)) - legnt1(7) = Yegmno1(7)]} (3

where A and y., are transmitted and equalized signals, respectively,
and /,, is the decision result. The digital multiplier can be avoided
by using the sign bit of the slicer output, Fig.5 shows the cirenit
of the phase detector and the loop filter of the baud-rate TR loop.
Preceded the propertional and integral (P} loop filter, an HR pre-
filter is employed to suppress the noisc power. This pre-filter is of &
to 10 times wider bandwidth than the loop filter, and the closed loop
architecture can be treated as a second order PLL,




D. Carrier Recavery

The proposed CR loop has three operation stages [6]. In the
acquisition state, the two-fold CR loop is configured to be the prior
CR loop, a modified Costas loop shown in Eq.4), and starts at
time A as shown in Fig.6(c). At time B, the two-fold CR loap
is switched to the posterior CR loop when the adaptive equalizer
converges roughly. Meanwhile, the DC component of the prior CR
loop output, wy,, is extracted and added to the initial frequency of
the numerical-control-oscillator (NCQO). The posterior CR loop begins
with the NCO frequency at wo + wae as shown in Fig6(b}. In this
tracking state, the equalizer operates in an [SI-affected converged
mode and the CR performs decision-directed maximal-likelihood
(DD-ML) phase estimation derived in Eq.(5). At time C, the equalizer
fully converges and the CR loop is further switched to a decision-
directed minimum-mean-square-error {DD-MMSE) phase estimation
shown in Bq.(6). Using the egualized signal, the CR loop provides
high jitter suppression in the steady state, The proposed architecture
shown in Fig.7 is hardware efficient since the three-staged operation
and the two-fold architecture share most of the circuit functions.

&—"ML = -Im{sgn{f') : Eft(t]} 4
parr = ~Im{l" - yeq(t)} ey
drinrse = B{ [yeq(f) - f]‘ - 5gn(Yeq(t)) } (6)
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Fig. 6. The behavior of two-fold carrier tecovery loop {a) Prior carrier
recavery loop (b) Posterior carrier recovery loop [6)
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171, VL8] IMPLEMENTATION CONSIDERATIONS

Three approaches of the VLSI design are employed. The non-
regular functional blocks are written in a high level description
language (HDL) and synthesized using standard cell methedologies.
Then, the clock trees and control signals are mannally synthesized
to ensure timing constraints. Finally, the dedicated multipliers and
adders are synthesized by CAD tools with specifications of delay,
area, styles and power. In addition, a self-test circuit is also built in

this chip for automatic verification. The head-end transmitter function
is also included for system self testing. Using TSMC 3.35um [P4M
CMOS technology, the chip occupies 5.5mm x §.5mm chip area as
shown in Fig.8.

Fig. 8. The layout for 4.035M Hz Low-IF digital basehand of 64-QAM
CATY Modem

IV, SIMULATION RESULTS

Using the post-layout extracted circuit under 4 process corners, the
digita] baseband transceiver is simulated in all transmission channel
models. The tolerance of the carrier offset in a digital CATY system
is £100kH z, i.e. £18,500ppm of the symbol rate, as shown in
Fig.9. Fig.10 shows the frequency convergence of the TR Joop when
the symbol timing offset is as large as +200ppr. As soon as the
receiver enters the steady state, the carrier jitter can be reduced down
to —8248c@100kH z away from the carrier frequency, as shown in
Fig.11. Fig.12 shows the mean-square-error (MSE}) of the equalized
signal. The constellation for decision in the steady state is shown in
Fig.13. The acquisition time is 7mas, which is much less than the
requirement of 100ms in a CATV system. Table 1 summarizes the
simulation performance of this 64-QAM Low-TF transceiver digital
baseband chip.
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Y. CONCLUSION

This paper presents a hardware efficient VLSI architecture of
digital baseband for 64-QAM low-IF digitat CATV system with data
rate 32.2804b/ 5. Taking the advantage of the proposed multi-staged
LMS based blind equalizer, timing offset tolerance :200ppm of the
baud rate TR loop and pull-in range better than £18, 500ppm with
—B2d B jitter suppression of the two-fold CR loop are demonstrated.
Both architectures of the adaptive equalizer and the two-phase linear
pulse shaping filter contribute the maost hardware reduction in this
transceiver chip. Since single carrier modulation (SCM) technology
is considered one of the main candidates for the Wireless MAN
system [1], the propesed architecture, which contains the transmitter,
synchronous loops and the programmable blind equalization, can be
applied to fixed broadband wireless access networks.
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TABLE ]
THE 64-QAM TRANSCEIVER DIGITAL BASEBAND SIMULATION

PERFORMANCE
Application System Low.]F digital} CATV Modem—r
System Clock 43.04M H =
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Equalizer SNR Performance 3048
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A Dual-band IEEE 802.11a/b/g Receiver Front-end Using Half-IF
and Dual-Conversion

Chun-Chih Hou, Ching-Chi Chang, and Chomg-Kuang Wang
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Abstract--This paper presents a dual-band receiver
front-end architecture which combines the dual-conversion
[4] andé balf-]F techriques for IEEE 802.11a/b/g. The
proposed architecture receives dual-band signal with single
receiver chain to reduce components count such as the P
down-conversion mixer and VCO. The required LO
frequencies of the dual-band application can be synthesized
by only one YCO in combination with a divide-by-four
circuit. An LC tank aided mechanism of mixer is also
proposed to deal with the flicker noise. The core portion of
the front-end receiver has been fabricated in 1P6M 0.18um
CMOS technology. The delivered gain, noise figure, and
TIP3 are 20 dB, 3.5 dB, and -13 dBm, respectively
simulated. The chip occupies an area of 1.21x1 A46mm’ and
the power consumption is 24mW under the supply voltage
of 1.8V.

Index Terms—WLAN, LNA, mixer, half-IF, flicker
noise, dual-conversion, dual-band.

I. INTRODUCTION

In the market of wireless local area network (WLAN),
multi-standard transceivers have been the trend. The IEEE
802.11b standard at the 2.4 GHz ISM band provides data
rates up to 11 Mbits/s [2). The 802.11a standard at the
5GHz 1J-NII bands provides data rates up to 54 Mbits/s
using OFDM modulation [1]. Released in 2003, the
802.11g standard, operated at the same band of 802.11b,
uses the modulation method of 802.11a and provides data
rates up to 54 Mbits/s [3]. Many products in the market can
support each of the standards simultaneously, and the
employed transceiver architectures are usually the
direct-conversion ones.

As for the published dual-band architectures, mast of
themn receive the two-band signal by two signal paths and
the direct-conversion architecture is mostly adopted, too
[5-7]. In this paper, a new architecture is proposed that can
receive signal at two-band, 5.8GHz and 2.4GHz, with the
same rteceiver chain. Due to the elaborate frequency
conversion planning, the troublesome image problem is
relaxed in this design. The organization of this paper is as

foltows. The receiver architecture is deseribed in Section II.

In Section III, the circuit topologies meeting the
requirements of this architecture are presented. Finally, the
simulation results and conclusions are given in Section IV
and V, respectively.

II. RECEIVER ARCHITECTURE

The proposed receiver front-end architecture is shown
in Fig. 1. The components inside the dashed frame can be
implemented into a single chip, and those outside the frame
are the lumped components, which are switch, diplexer,
and band-select band-pass filters. Two band-pass filters
instead of one are used in order to provide sufficient
rejection of the out-of-band interferences for each band.
When the desired signal is at 5.8 GHz, the frequency
conversion method, shown in Fig. 2., is used [4]. The
3.465GHz image is 2 GHz far away from the desired signal,
and it can be filtered out by the band-pass nature of the
on-chip amplifiers. The first lecal oscillator (LOY) frequency,
which is 4.62 GHz, is four times of the second LO, and
thus they can be synthesized by a single voltage cantrolled
oscillator {VCQ) and a divide-by-four circuit. Because the
VCO frequency is different from the signal frequency, the
LO pulling problem will not occur.

This dual-band receiver architecture can alse be
switched to half-IF conversion to receive 2.4GHz RF
signal, as shown in Fig. 3. The utilized 1.2 GHz LO
frequency can be obtained by the same circuits composed
of one VCO with 4.8-5 GHz tuning frequency and a
divide-by-four circuit. As shown in Table I, the VCO
frequency range of the two bands is close, so a2 VCO with
wide tuning range can deliver the required LO frequencies
for dual-band application. At the same time, the 90° phase
shifter can be eliminated dve to the utilization of dividers.
Another benefit of this dual-band receiver is that the IF
frequencies are close for this dual-band signal, so there is
an ease to implement the circoits after the first
down-conversion. As for the image signal around the zero
frequency, the attenuation contributed by amplifiers and
lumped components such as antenna and band-select filter
is very large, and thus the image rejection ratio can be as
high as 60dB [8]. Two problems that should be taken inte
account are the upconversion of flicker noise to IF
frequency and the DC-offset that comes from LO-to-IF
feedthrough. The circuits proposed in the next section will
deal with the first problem. For the DC-offset problem, a
high-pass filtering offset-cancellation circuit can solve it
[8]. The SNR degradation due to the filtering is not
significant because for IEEE 802.11a/g, the OFDM
modulation leaves the center sub-carrier empty, and for
IEEE 802.11b, spread-spectrum modulation is used.

This program is supported by the National Science Council (NSC), Taiwan, R.O.C.



ITI. CrrCcUIT TOPOLOGIES

The oniy RF circuits that need to be carefully designed
for omr receiver architecture are the LNA and the first
mixer. The desipn of other components is the same as the
single band ones. For example, the VCO required is just a
wide-tuning-range one. Besides, the second mixer and the
arplifiers at baseband have single-band nature because the
IF bandwidth is not very wide, which has been shown in
the last section.

The LNA schematic is shown in Fig. 4. Because the
ENA is designed to have the ability to receive and amplify
the two-band signal, it has a Joad that contains two
inductors and two capacitors [9]. The function of this LC
tank can be comprehended as follows. When the frequency
is low, the L and C in series are capacitive in effect. When
the frequency is high, they are inductive in effect. Thus, the
L tank has two peaks in the frequency domain. The input
matching of the LNA is achieved by off-chip microstrip
lines, which are combinations of seme open-stubs on the
FCB board.

The mixer schematic is shown in Fig. 5. It is a
gilbert-cell type mixer with source degeneration resistors to
enhance the linearity. The mixer is a wide-band device in
nature, so signal can drive the input ports and LO ports
directly. Also, because signal frequency at the output of the
mixer is about 1 GHz for both the two-band operation, the
output port is single-band in nature and thus only one
inductor is used, instead of the two-inductor case in LNA.

The mixer in [8] prevents the up-conversion of flicker
noise of the transconductance stage to IF, but ipnores the
flicker neise of the switching pairs. The mixer propased
here uses an LC tank to achieve the filtering function. The
resonant frequency of the LC tank is at the signal
frequency such that it blocks the signal from passing
through it. As for the flicker noise around zere frequency, it

sees a short because the LC 1ank has an inductor in parallel.

The circnit can thus be reduced to the half circuit as shown
i Fig. 6. The topology of mixer is destroyed, and the
flicker neise in neither the transconductance stage nor the
switching stage will be up-converted to IF,

The linearity of amplifiers is an important consideration
for wireless communication. When the signal received by
the antenna is not very large, the third-order inter-
modulation signal located at the signal frequency band
because of the adjacent-channel interferences and the
non-linearity of amplifiers must be Jow enough in order not
to degrade the SNR. For WLAN, the ITP3 of the receiver
chain should be at least ~26dBm to meet this requirement.
Meanwhile, when the input signal is large, which is at
most —30dBm, -10dBm, and —20dBm for IEEE 802.11-
a’b/g respectively, the amplifiers may be saturated.
Moreaver, for IEEE 802.11a/g that have 52 subcarriers,
another add-on power back off of 10dB is needed to
accommaodate the large peak-to-average ratic (PAR). Thus,
a gain-adjusting mechanism is necessary for the front-end
amplifiers. A variable resistor can be placed in paralle] with
the load inductor, and in this case it is replaced by a

digitally switched PMOS, as shown in Fig. 7. Discrete gain
steps can also be achieved by many of such PMOS placed
together.

IV. SIMULATION RESULTS

The input return loss of the LNA is shown in Fig. 8., in
which two bands matching is achieved, with bandwidth
larger than 200 MHz in ISM band and larger than 300
MHz in the upper U-NII band. The 821 of LNA is shown
in Fig. 9. The gain at each band is about 10 dB. The image
rejection ratio (IRR} provided by this amplifier is larger
than 60 dB for upper U-NI1 band, and 30 dB for ISM band.
The noise figure of the LNA and mixer operated at 2.4
GHz when no LC tank is inserted in the LO switching pair
is shown in Fig. 10. The up-converted flicker noise has a
significant influence on the noise figure, After the LC tank
is inserted, the influence from the flicker noise vanishes, as
shown in Fig. 11.

Table 11 is the summary of the simulation results of the
LNA and mixer. From the comparison between the two
circuits with and without LC tanks te block the up
converting of flicker noise, it can be observed that the
neise figures for both bands improve. However, the
conversion gain and ITP3 is not the case. This is because
that the gain depends on the quality factor of the LC tanks
and the linearity depends on the harmonic termination [10],
which is not the same for the two bands.

The power consumption of the core circuit is 24mW, It
has been fabricated by TSMC 1P6M €.18um CMOS. The
chip area is 1.21x1.46 mm® and its microphotograph is
shown in Fig. 12.

IV. CONCLUSION

A dual-band receiver front-end architecture is proposed
in this paper. It combines the advantage of dual-canversion
and half-IF receivers to provide IRR of 60dB and 30dB far
U-NII and ISM band signal respectively. The IF frequency
range of 1.14 to 1.24GHz relax the component requirement
after the first downconversion. The dual-band LNA and
mixer have been designed to deliver a conversien gain of
20dB and ITP3 of —14dBm with a power consumption of
24mW. The troublesome flicker noise problem in hatf-IF
conversion has been solved by a circuit topology proposed
in this paper.
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g md i fm3 :
. ™ l‘n!w' fre=5.800GH | Upper U-NIE |- ¢ 20 < gas 458-9.66 | 1.145-1.165
froq=3.500GHz | dB(S(2i1))=10.9089) Bang (GHz}
dB{S(2,1))=57.41
W1 oz 3 4 5 & r & B om 15M {GHz) 2.40-2.4835 l 4.8-4 967 1.2-1.242
freq Grr

Fig. 8. 521 of the LNA.

TABLE i1

Singie-Sideband and Double Sideband Noise Figures SIMULATED LNA AND MIXER PERFORMANCE.

versus RF Input Frequency, for fixed LO a1 1220 MHz LNA+Mixer LINA+Mixer with
. without flicker . R
Parameters noise filterin flicker noise
J A . g filtering circuitry
50 ' - / | ’."\\ circuitry
5 as / '||| ".' \ Supply Voltage 18V 18V
g L Voo - Power Consumption
R ! 1" o {without biasing and 24 mW 24 mw
15 b output driver circuits)
ik ¥
v Gain 21,3dB 204dB
04— ‘ ! T T
2.3‘559 quoss 24|2E9 2,4]459 2-1|s|=_9 24568 24 NF >4.5dB 3.1dB
Rffreq GHe 1p3 -16.5 dBm -13.4 dBm
Fig. 10. Noise figure at the 2.4 GHz band, without LC L0 Power -2 dBm .2 dBm
tank inserted.
Gain 16.4 dB 18.5dB
Single-Sideband and Doutle Sidebard Noise Figures 58 NF 4.25dB 3.35 dB
varsus RF Input Fregquency, for fixed LO at 1220 MHz GHz TIP3 .R.8 dBm -11.4 dBm
3%
{\ L0 Power -2 dBm -2 dBm
3.3 - i
N, Technology TSMC IP6M 0.[8pm CMOS
. am— -~ -
= ™, Chip Area M_Z Ix1.46 mm” |
a .20 . B
o
4 .

: I T
Z30E9 2.00E2 24268 244E9 2.45E9 Z4BE9

RFfreq

Fig. 11. WNeise figure at the 2.4 GHz band, with LC tank
inserted.
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Time

10:00 - 12:00

Location

& ATHRME R142

Attendee

R RETFT REDE

Agenda

A. Status Review
B. Others

Minutes

Status Review:

FEtE—(Prof. Wang) :
the front-end architectures of dual band
multi-standard signal
direct conversion and multi-conversion

Comment: 802.11alblg EFREHFES @ BAEEM?

Comment. B3R {E{EEBE?

Comment: BX#kdirect conversionf&iiF » BB {a] 2232 R multi-conversion 2 {47
F-EFEE —(Prof. Chiueh):

802.11n preamble design

the same short preamble and double long preamble

Comment: antenna®f 5 & #Fstandard_E iR EIE 7S {H8 B € Fllong preamble
REFRE?

Comment: _{EFRARIV(IE - IERESERIEE

802.16a projectIsfE [ K schedulesiz &5

Comment; 578 EREE BIRL X M ARATEBEDEAR » anfael?
F&155 PU(Prof. Chou) :

{5t power » ELRIY H0.25umBY80 Fr

EEgs Fde_shell Bz nanosimilipower AN R AR IRFRE 2=

Comment. 435 = R ESRIEEHT - AT AFEEE?

Comment: J§ T ={EIDSP » cost@-~& A KT ?
FEFE7S(Prof. Liao) :

reliable multicast

demo with and without reliabilityd43¢ &

Comment O] FH{EEEE_|-NE780 EE H Ehivideo stream?
FEHE - {Prof. Wu - NCU) :

embedded application-MP3 player on dual processor platform OMAP1510

ARM+DSP+IDE tool

Comment. i385 —{H0SE 0] LIFHFIZH]ARM B DSPH)?

Others:

HE*EREARE

BRI AR T ERS

FHEZRANEE » TRELHEHSER

T Rmeeting7E 5 K (2/27)(F1)

T Rmeeting22NEEK




NSC IT Program Meeting Minutes

Date

2004 t 2 | 27
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10:06 -~ 12:00

Location

SR EMHME R142

Attendee

& T AitE = BpE

Agenda

A. Status Review
B. Cthers

Minutes

Status Review:

FETE—(Prof. Wang) :
half-IF receiver and architecture
image rejection ratio, LO-IF feed-through and flicker noise
Propose mixer architecture for solving flicker noise problem
Comment: _EZEHIChipERIUMEI? T idR&E— T
F&HE —(Prof. Chiueh) :
coarse symbol, fine symbol boundary detection
frequency and timing synchronization design
preamble detection by SNR threshold
Comment: frequency and timing synchronizationAiE % » {4 HIEEEF IS ER
Comment: moving average 2Tt i F= B Bz smooth B[ {A[FEFE fE?
Comment: frequency filterf%k FE K 0{R] 817
Comment: F{r[delay spread < EIFEHT7
FETE=(Prof. Wu - NTU) :
AES 1P architecture and Synthesis EASY platform
Dual mode AES design—> counter mode and CBC mode
60-70% of layout is CPU {AES)
Comment: chip summaryperformance? x4 T
Comment. 3EREARIchip » ABEIFFITERAEE R 57
FETEP(Prof. Jou) ;
F1] A5 HE D SP{i OF DMB receiver
RIRAH Z(EDSP + A LA %assembly codefF e B FE AR
Comment. ={EDSP43 BT EE?
FEHETL(Prof. Su):
ftf B02.11alb/g /Y testing
EAEANERRBE A - F512 RF A955
1 table ZR LB S B2 B R
Comment: RF HRLIETFIZLHE - SIEHAEANE?
Comment: 5% testing SE{E4AYH A5 (T2 B MBS (A2
Comment. R {EEFEREIT T VE7R] LIS B{L1B?

Others:

HFEEBORTRT » B AKBE—EARI
Ariepaperfd M ETEE AR - BRAIFICEE R BN e
HrE s ItraningiF e b B - R EBEWEAE

T meetingfE & A(3125F)

T Rmeeting31DTEE K
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Location & XE#I4E R142

Attendee R EEX MERE BT REpE [ite

A, Status Review

Agenda
B. Others

Status Review:
F2+E—(Prof, Wang) :
10_E high-pass filteri& kL O-IF feedthrough
Comment: high-pass filler—{Eorder#y- £~ %97 Ans . %4
Comment: high-pass filterftjcorner frequency B BIR¥ENE? Ans:
F-2+88 —(Prof. Chiueh) :
FAR & 5 AYlong preambleZk i dichannel estimation
H 1% ATRE MR mode SR BT B TR RS
A EE FE4xd AZ 2] 100MbpsaTfunction requirement
Comment: [BE EuncodingfEE 288~ 2R
Comment: Ax4EFE 2 2x2HY 28457 Ans #9413 Fo BlineartJRE %
FEFE=(Prof. Wu - NTU):
- slot linefyRGRAEskin effect » i IR A K EHILE
HnA metal slotF fggierror -
¥ CVD(chemical vapor deposition) FFERAHE @ EEKEHTIG
Comment: slot'Z 25 1] 45 equivalent electric field circuit?
FE+EFH(Prof. Su) :
Build RF environment : single stage & double stage, L transmitter £ = (ideal)
Simulation : gain compression.
Comment: &R G example3zdesign?
Comment: testing/5HFLE 2R 7
Comment: simulation show 9B %~ ¥ 7FE 2L B — UC LR | -
Comment: simulation error2 75 SRR BLBG DBl tool HYMEIRE?
FE1ZE 7 (Prof. Liao} ;
B &7 QoS demand servicelZE E[ EBWRYEE K -
FASFQEWF SECHE R EE . -
Comment: draft.& S5 48k 7
F&tEEH(Prof. Wu - NCU) :
MPEG4-Rate Control,
Non-zero ratiofIvideo bit ratio 2 #4% -

Minutes

T Rmeeting(4/OEE K
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Time

10:00 - 12:00

Location

THAHEBOAZE

Attendee

i BEE

Agenda

A, Status Review
B. Cthers

Minutes

Status Review:
FE+8—(Prof. Wang) :
Half-IF + Dual Conversion {LNA + Mixer)
Comment. B{trEsE{Ehalf IF? Ans: AL FIFHRIAILO
%7 flicker noise AYEZER, NI B REHETL
Comment: BAEFIRIALLERIASER
Comment. F538A E itk EIFRIEE
F&18 —(Prof. Chiueh) :
Symbol boundary detection and CFO acquisition
Comment: fgZEmaximum delay spread = maximum excess delay
Symbol boundary : worst caseds [ ER B4 short preamble{Coarse)flI5C 5 (PR ER
128)R4long preamble{Fine)
RS R HHEEEEA0E correlalor bank
FEFE=(Prof. Wu - NTU) :
FUASE iy platform
core size: 4438 x 3105 ¢ m?
die size: 5 x 3.5 mm2
FEFEP(Prof. Jou) :
Statement coverage, branchcoverage
Frequency offset lock loop
OFDM receiver RS {8 RS2
Comment ={FDSPHEEH &
FEHE 75 (Prof. Liao) :
Throughput analysis
i ZE#E A contention windowFEcollision A ETER
HEEREERE
Simutation results
FE+E - (Prof. Wu - NCU) :
Throughput simutation results (& random loss)
Congestion window v.s. random loss
Maximum through v.s. random loss

T Rmeeting(@23)EEB K
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10:00 -~ 12:00
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& REMME R142

Attendee

2 FEE TE WEZE RBpk Ritet

Agenda

A. Status Review
B. Others

Minutes

Status Review:

FEFE—(Prof. Wang) :

Dynamic Range of Rx chain.

Trade-off between LPF and ADC

Comment. $OLPF spectiAYEFE B

Comment: show——"T simulation result
¥+ —(Prof. Chiueh) :

TnifouterdyBER simulation.

At subcarrieri] A spreading.

V-blast algorithm

Comment: delay spread 0,55~ B FHEE A

Comment: ‘=& ZE & N—{Eerror correctionf 4
FEFE=(Prof. Wu - NTU) :

AES IP core design

Clock tree issue in post-simulation

Comment: Bi#low voltage, Ti#flow power? EHRIE
FE1E Y(Prof. Jou) :

Final place and route - clock tree balance
FErEA(Prof. Su):

EFlp R A=

Comment. i E B+ EEarchitecture.
F-EHE7{Prof. Liao):

802.11e Delay and Jitter Analysis

comment: SIFSAYREFRT? Ans: 16 28

Simulation FlI analysis match

High class& £2 2 %] low class
FE+Et(Prof. Wu - NCU) :

MPEGARY43 4T

Adaptive rate control

Comment, improvement) EfEE %47

Comment: 7] A Z%show—EEF0RIA LRSS R

T Rmeeting(S2DFEE A
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1000 - 12:00

Location

& RXERMHE R142

Attendee

#%: HHIE FTENX REDE F#

Agenda

A. Status Review
B. Others

Minutes

Status Review:
F5tE—(Prof. Wang) :

Review of IEEE 802.11a Rx Chain Budget.

Testing of 5.7GHz dual band LNA & Mixer

Trade-off between LPF and ADC

Comment: 3=chipAfeworkpgHE g AR » FsimulationZs
FEHE={Prof. Wu - NTU) :

Hierarchical Verify Flow

Gate clock T4 low power.

{BZE /v clock skew,  H fault coverageii &
FEtEEFH (Prof. Su):

Class C PA

Comment: 751875 spect] LU 4N simulation$s) A~ 17,
FEE (Prof. Wu - NCU) :

simulation of WPGMCC 10M fairmess

Comment: {H3RH)ESEHF vanation, 7] IR L 47

Comment: $5HFUIF A LLEIFLERIAE?

TR - Group 2,4, 6

B -

T Rmeeting(6/STEE K
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10:00 - 12:00

Location

&R TMM4E R142

Attendee

R FEE REF

Agenda

A, Status Review
B. Others

Minutes

Status Review:
FE1+2E —(Prof. Chiueh):
Transfer C++ code to sample-base format.
Forward Error Correcting Blocks
Comment: showHHtracking loop2& 2% B] DAtrackE) -
FEFEF(Prof. Jou) :
Stream Based WO transfer between DSP
Comment: 7F A HyBlock P REEF Jllogic control

Comment: power overhead &254>7

FEFEE 7S (Prof. Liao) :

3 HBY: robust and scalable, one mechanism scalable in both greoup memver,

and group size
Distributed greedy algorithm: remove and move..

TS - Group 1,3, 5,7

R Rmeeting(6/18)7EE K
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& ATHMEE R124

Attendee

PR TEY

Agenda

A, Status Review
B. Others

Minutes

Status Review:
FEtEE—(Prof. Wang) :
Dual band RF receiver summary
FEtE=(Prof. Wu - NTU):
AES hardware architecture
System block diagram of CCMP.

1A 44 BcomponentEFE » [EITRAE/ ] Ee4.8mm x 3.3mm
FPGA » ki e Eplatformif £

F-#E A fProf. Su):
JELNAFOMIxerdf B s i5 it
Comment: £FFE T3 Fi0{r]test.

FEE(Prof. Wu - NCU) :
ERF S 1R % node 5 loss, & H ¥fperformancefy &2 &
ElossFOE ftibottleneck ¥ performanceR) &2

TRERE  Group 2,4, 6

T Rmeeting(6/28HEE K




NSC IT Program Meeting Minutes

Date

2004 f 6 |/ 28

Time

10:00 - 12:00

Location

S RXERH4 R124

Attendee

B EEE REDE RETF

Agenda

A. Status Review
B. Others

Minutes

Status Review;

FEFE T z{Prof. Chiueh):
High throughput 2x2 MIMO OFDM transceiver
Dual Mode; SIMO and MIMO
FE802.11n 3E FRydata rateZF5EMAC layerZ23F %1)100Mbls, HELAF
physical layer ZE/JEZ120Mb/sHdata rate, BJEE T code rated]
314> 718

FEEM ok (Prof. Jou)
Instruction set verification
Ti-testiFHiclock > B, T EEHgated clock
G — B0z S E =R
Comment Fxf:BLflng " BEL A SEH?
Comment: carrier phase tracking loop21{E]tracking?
Comment: \] LI7575.25 R Eh?

TEReEs C Group 1, 3,5,7

T Rmeeting(7/13)EE KR




NSC IT Program Meeting Minutes

Date
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Time

10:00 - 12:00

Location

& ATHMEE R124

Attendee

R EEX

Agenda

A. Status Review
B. Others

Minutes

Status Review:

FErE— R (Prof. Wang):
802.16a/E 4 broad band EE narrow band?
Comment: 1 A 2= FRIEF—f&architecture for multiband?
Comment; 2.3/3.-- /5.—GHzE {+FEERER 7 ( REEIE?
Comment. FEELFE 2 — 11GHz or 60GHz?

FEHE= FE(Prof. Wu - NTU) :
Comment: standard 22 £ J*encryption?
Comment: 802.16/9security, - [Alstandard 2S5 & T [F?
Comment: 512btitdencryptionffyhardware engine{E{E?
Line up 802.16a

TEtEt BHE({Z(Prof. Wu - NCU) :
Dynamic resource management adaptive video stream.
Comment: smoothing details?

Comment. 35 ¥8-5#&EP2MP?

T RERE - Group 2,4, 6

FRmeeting(72NTEE K
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Date

204 /7 I 27

Time

10:00 - 12:00

Location

& AEHME R124

Attendee

A% EEN R REF BHE

Agenda

A. Status Review
B. Gthers

Minutes

Status Review:

TFEHE T 45 Bh(Prof. Chiueh):
H0A Guard interval length detection.
Hi A channel gain update.
Comment: #[I{af43E channel gainE & & I ¢ ?
Comment: coarseFIfineftyJsymbol boundaryfgerrorg £ 47

TETEPY BUEERI(Prof. Jou)
Status report

FEFE7S FIEIE(Prof. Liao):
DOCSIS MAC Control Mechanism

802.16;2 181, 1RIREATIGEZR - KIFHQ0S

T ARERS - Group 1, 3,5, 7

T Rmeeting(/ES X
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Time 10:00 - 12:00
Location & X EHRIEE R124
Attendee PR TEN WEE BERE
Agenda A. Status Review
B. Others
Status Review;
TETE— ZERE({Prof. Wang):
802.16a link  budget
Comment: 1Q imbalanceF1DC offset 4538 spec?
FEHE= TR (Prof. Wu - NTU):
Symmetric key (fast), Public key(siow)
Public key(three categories)
1. encryption/decryption
2. digital signature{optional)
3. keyexchange
Comment. 04A] 72 32 P softwareis Ehardware? Ans: LU EFIFRL 2 B
Comment: {1 BEFOEHE CLaE 7 a01aT L ?
FEtEt= Ben Tsai(Prof. Wu - NCU):
Comment. B #YE EZE 2 A AYperformance?
Fr FoETCPRprotocol{s RTT Y performance B2 B BHE,
Minutes

TRERE  Group 2,4, 6

T RmeetingO21)FEH K
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Date 20048 f 9 21
Time 12:30 -~ 14:30
Location 5 A THHE R124
Attendee % MEE BEr BT
Agenda A. Status Review
B. Cthers
Status Review:
FitE— TZ{Prof. Chiueh):
Comment: Channel modelftdelay spread 2 %47
Comment SNREZEZ|HPERE TS - #91$94F7
802 11a E[fEFHLDPC codesfturbo code
FETE/N BE—58(Prof. Liao):
IEEE 802.14 v.s. DOCSIS(win)
Comment; DOSISZN{]¥0802.16 link?
FAERE  Group 1,3, 5,7
Minutes

T Rmeeting(1021EF K
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10:00 -~ 12:00
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EREMME R124

Attendee

i BT FHEat

Agenda

A. Status Review
B. Others

Minutes

[42]

tatus Review:
FEHE— FRE(Prof. Wang) :
Multi-band transceiver for 802.11a/blg, DCS and GSM
B BhE F— FELNAR R RV IR R
FEE= HeEH(Prof. Wu - NTU):
Introduction to LDPC codes
Parity-check matrix
Very sparse parity-check matrix
Irregular LDPC
Trcode length 107a] FE & f2Ershannon limit
FE+#H Hung Kai(Prof. Su) :
Single tone test
Comment. RIS EAARIRRSTEH]
FE+E 1 Wei-Li Chang(Prof. Wu - NCU) :
QoS : Unsalicited grant service
Real-time polling service
Non-real time polling service
Best effort service

Comment. ‘& 75 B BRIAM?

T RERE  Growp 2,4, 6

T Rmeeting(11/4)FEE K
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Time

10:00 - 12:00

Location

S AREHNE R124

Attendee

2P EBE WTE Rt BECE

Agenda

A. Status Review
B. Others

Minutes

Status Review:

FEHE= EHAIFH(Prof. Chiveh):
Comment: IFFTEYbitEya] &5 4>—EL?
Comment: $&—EEFIRA LEERYE L ?
Comment; AGCHYrange s AR A

FEFEM (Prof. Jou)
Comment: Power consumption 2[{r]?
Multi-rate, multi-stage IFIR design
TErEN BG4 (Prof Liao):
802.16a : (1) support ARQ
(2) support both PMP and Mesh mode
Comment. 4{a] & performance? Ans: latency, throughput, overhead

Comment: = {EstationEBEH2 4L 25D node? Ans. #5200~600
Comment: 802.16eF1802. 20=1EWF? Ans: ER=R-FNE], HE=+8E

THRERS  Group 1, 3, 5,7

FZRmeeting(11/1)FEE KR
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Time

10:00 - 12:00

Location

& RXTHME R124

Attendee

% RT MEE TEX BEX

Agenda

A. Status Review
B. Others

Minutes

Status Review:
TFErE— ZERIE(Prof. Wang)
Contour design methodology
FErE= FHE(Prof. Wu-NTU):
LDPC decoding algorithms
Sum-Product algorithm performance & 4T » complexity & A; »
LDPC has twa constrains:
1. {EFicolumnsFEEFS #Bm—{E AT 1#overlap -
2. A~fEAshort loop «
Log domainf[Iprobability domainty/BER Performancez= 517 No difference
F2HEF Hung-Kai Chen{Prof. Su):
LNA test
Comment. H HYZEHEA0{m#Ytesting?
Comment: 3 BFEINER?
FEHEE REIL(Prof. Wu - NCU):
802.16, 802.16a

FRERE  Group 2,4, 6

T ZRmeeting(12/16)7EE K
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10:00 - 12:00
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SR MM R124

Attendee

#Hi%: IR REF

Agenda

A. Status Review
B. Cthers

Minutes

Status Review:
FEFE TZMS (Prof. Chiueh):
Comment: TGn Sync {1 & &?
Ans: R ERFF1802.11af8[E, HEdkbaseband
Comment. SK#RIVER HI7EWR ?performance 275 7] LASERR #i3En?

FETEPY Tz - Jie Hung (Prof. Jou)

module generator

multi-stagefLsingle stagesF

comment: F¥HEEM A EE EEN R EMEER
FEEAS PEE (Prof. Liao):

PMP mode, Mesh made, hybrid mode

Comment: mesh2a{a/#H 7

Comment: channel model? Ans: X E £¢{F parameterE[J 8]

~RERE  Grouwp 1,3,5,7

FRmeeting(12NEEE K




