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ABSTRACT at the same time; otherwise, the receiver cannot distinguish them.

Code Division Multiple Access (CDMA) has become an attrac_Future CDMA PCNs are expected to provide a wide range of ser-

tive techni f di trol in P lC -~"vices, including both voice services and data services such as file
t!ve l\elct ”'qu grcrﬁe Ila tzrilgcess cor; ro II\;I] Acerso?a Iomm“”'lczﬁ’ansfer. These services will generate various types of traffic with
ion Networks (PCN). In this paper, two Protocols, namely gifterent quality of service (QOS) requirements. For example,

Preamble Signaling Access (PSA) and Minislot Signaling Ac- i i .
cess (MSA) are defined and evaluated for voice/data integrati voice packets have stringent delay constraint but can tolerate cer

at the base station. It assumes that there are two types of mob %:?f;?;?])\/,\iggg data packet has no delay requirement but cannot
hosts, voice mobiles and data mobiles. The base station integra has b ' . hd in th £ voice/d
the data and voice transmission access so that there are no cgrcré nas been extensive research done In the area of voice/data

fentions between voice and data users. An adaptive access contigedration in CDMA wireless network. In [17], CDMA and

is proposed with parameters which affect the system performancePMA methods are compared in an integrated PCN. Its CDMA
Markovin e modele ave been devcloper 1o analye e pefelocel alos copleie uneonsraned unamision of v
uoprgqnagi(rfu?atli::)sré gpe a’}ii’%g&?gg s. Performance results bas erakos propose an integration protocol to control data traffic [4].

i - Data users send packet transmission requests to the BS through
Keywords: Personal Communication Network (PCN), CDMA, 5jink control channels. The BS queues these requests and then
medium access control (MAC), voice/data integration. schedules data packet transmission based on its observation of
) uplink interference level. It instructs data users when to start
1 Introduction transmission by sending permissions and codes through downlink

In recent years, Code Division Multiple Access (CDMA) has be_cont_rol channels. In [14] Soroushnejad and Geraniotis consider
come an attractive technique for medium access control in ceIIJI;gIgg{%’gfkceﬁﬁrzgitgﬁéﬁggggs'géegr:aféeeddggéEﬁ%ﬁm%%%kne}rgarh
lar networks and Personal Communication Systems (PCS). Preyho g "are hroposed for voice and data users to control their trans-
ous research has shown that, CDMA enjoys advantageous featu %sion. Admission control policies in DS-CDMA packet radio
such as efficient spectrum utilization, simple frequency planning, o voris are discussed in [18]. Voice traffic is admitted indepen-
soft handoff, graceful degradation, and tight security, when COMgent of data traffic. For data traffic, two models of Multiple Ac-
pared to Time Division Multiple Access (TDMA) and Frequency oo nterference (MAI) are considerstt. the threshold model
Division Multiple Access (FDMA) [6, 16]. A second-generation ~nq"te graceful degradation model. Its admission policies de-
system standard 1S-95 [16] and a third-generation system testb @nd on voice admission policies as well as the MAI models. In
CODIT [1] have been proposed or built, which demonstrates th ] Brand and Aghvami propose a joint CDMA/PRMA protocol
feasibility of applying CDMA technology to personal communi- ¢ e third-generation mobile systems. The time is organized
cations. A CDMA personal communication network (PCN) con- :

ists of multiolecell h of which i d by th into frames, each of which contains a fixed number of slots. In
SISIS ol mulliplecells each of Which IS an areéa covered by € g4ch slot, the access to the wireless medium is governed by trans-
transmission range oflzase statior{BS). A large number ofino-

bile h MH d withi o fh . mission permission probabilities, which are calculated based on
ile hostS(MH) are supported within a cell. One of the most im- he number of users transmitting in the same slot of the previous
portant issues for the base station is how to control the mobilg;me * |n [15], the reservation code multiple-access protocol is
hosts’ uplink access to the shared wireless spectrum. ~ proposed for voice and data users to share a limited number of
In this paper, we are only concerned with a receiver-orientedodes on a contention basis.

Direct-Sequence CDMA (DS-CDMA) PCN, in which a BS have |n our previous research [5], two MAC protocols, namely the
several receivers, each of which listens to a specific code [11preamble Signaling Access (PSA) protocol and the Minislot Sig-
Only the receiver which listens to this code can recover the bltﬁaling Access (MSA) protocol, are proposed and compared for
from the symbols; other receivers perceive them as noise. It is IMTEDMA wireless environment. We compared the performance of
portant that two MHs should use different codes for transmissiofhese two protocols under data-only and voice-only systems. In
this paper, we extend the voice/data integration protocol proposed

*Research reported herein was supported in part by U.S. Army Research Offi¢gn [19] for both the PSA and the MSA protocols. The integra-

under contract No. DAAL03-92-G-0184, and by Performance Analysis Lab of Thetion protocol can be described briefly as follows: We consider a
Ohio State University. The views, opinions, and/or findings contained in this papeg|otted system where the access control is done in a centralized

are those of the authors and should not be construed as an official Department@fanner at the the BS. For the voice traffic, we used the silence
the Army position, policy or decision.




detection method [2]. Code assignment is considered in order to
improve the system performance. Also, we consider the problem
of how to control the Multiple Access Interference. In this paper, COMACoReT upink W signaling

signaling packet transmission packet transmission

we use an adaptive access control method which is different from ™ szi“ e —
the approach proposed in [19]. | S ‘ | ; ;
We can compare our integration protocol with the previously ; 1 l ; : !
proposed ones as follows: Slotted systems are considered in - R ! | | |
[3, 14, 15, 18;] but not in [4, 17]. For voice services, a silence  packet preamble ' it ot used for s t request agcess
detection method is utilized in [3, 4, 15] but not in [14, 17, 18]. [ packet content [ packet content

The code assignment problem is covered in [15]. However, it dif-

fers from our protocol in that the voice and data users contend fofa) Preamble Signaling Access  (b) Minislot Signaling Access
the same codes. In [3, 14, 17, 18], either transmitter-oriented pro- ; :

tocol is used or the code assignment is not specified. In [4], the Figure 1. Two approaches in CDMA MAC

code assignment for voice users is not mentioned and the code as-

signment for data users is simplified by assuming no contentio .
The MAI control problem is the focus of [3, 4, 14, 18] but ig- 2.2 Two Protocols for COMA Medium Access Control

nored in [15, 17]. Distributed approaches,which differ from our2 2.1 pPreamble Signaling Access (PSA) Protocol

protocol, are used in [3, 14] while the control on a slot basis is not ) ) ] )
performed in [4, 18]. For these distributed approaches, the MH$he first MAC protocol, Preamble Signaling Access protocol, is
could have outdated or incomplete information and thus the MABimilar to the MAC protocols proposed in [8, 19] as depicted in
could be very large. The admission controls in [18] are too coarskigure 1(a). Each slot of the CDMA system has a preamble part
to cope with data traffic variation effectively. for the purpose of signaling and a packet transmission part for the
The rest of the paper is organized as follows. In Section 2, thBacket content transmission. Using the preamble, a BS informs
main features of the two MAC protocols proposed in [5] areMHS which codes are available in next slot. An MH randomly
briefly presented. Then, in Section 3, the integration protocoP!~*> . -
is introduced. Markovian models are developed and solved fofission. For the PSA protocol, the preamble is what we sigH
these two protocols in Section 4. Section 5 presents numericBg/ing code It corresponds to one of the CDMA codes associated.
results, used to compare the performance of the two MAC protol he format of the preamble is as

cols for voice/data integration. Finally, conclusions are given in .
Section 6. J Y g Preamble = (M Hid, EC),

2 Two MAC Protocols for CDMA Wireless Network whereM Hid is the identification of the MH assigned to it when
wo rotocois for reless INeworks it is registered to the CDMA cell during setup or handovet: is

In this section, two MAC protocols, namely, Preamble Signalinghe error correcting code. In our research, we use BCH code for
Access protocol (PSA) and Minislot Signaling Access (MSA) pro-packet error protection.

tocol [5] will be presented. If its REQUEST is acknowledged by the BS, the MH uses the
. . . same CDMA code as the preamble to transmit its packets. In
2.1 System Architecture and Basic Assumptions contrast to previous research, in PSA, instantaneous REQUEST

We consider a single micro-cell in a receiver-oriented CDMA&cknowledgment is not assumed. A REQUEST can only be ac-

PCN. We assume that the uplink (MH to BS) and downlink (BSknowledged to the mobile host in the next time slot.

to MH) transmissions are physically separated by means of Fre- . ) _

quency Division Duplex. In this paper, only the uplink transmis-2.2.2  Minislot Signaling Access (MSA) Protocol

sion in the CDMA network is considered and investigated. This isyg depicted in Figure 1(b), in Minislot Signaling Access proto-

because the downlink access control is carried out solely by the I, the system slot is no longer divided into preamble and packet

while the uplink control depends on the “snapshot” status of thegansmission parts. Instead, during each slot, some of the CDMA
MHs and its control design is much more challenging. Two kinds.qqes are assigned by the BSsignaling-purpose codeslf a

of MHs, voice MHs and data MHSs, are in the cell, which gener-cqqe'is specified asignaling-purpose codéts time duration is
ate voice and data packets, respectively. Voice and data packgfger partitioned into a number ahinislots each of which is

have the same size. The activities of voice MHSs follow a pattern,ssqciated with one of the available codes currently in the system.
of interleaved talkspurts and silence gaps. Only during talkspur

can voice MHs generate packets, at a rate of one per slot. Voié:f the MSA protocol, a minislot is aignaling code An MH ran-
packets can tolerate some loss but have stringent delay requifd@mIy chooses one of these minislots to contend for packet trans-

ment, which prohibits retransmissions. In this paper, we assu 'SS'OE' . aned ianali de. it will b I
the tolerable voice loss rate 15 and the allowed voice delay is a code Is assigned as signaling-purpose code, it will be we

one slot. On the other hand, data packets have no delay constraiﬁfror'pmtecéedf' Thrqoughout this palp_er, we as”sume theds%nalmg-
and have to be retransmitted until correctly received. purpose code for the MSA protocol is so well protected that no

An uplink transmission in a CDMA wireless packet network canMAI. errg_rf\flwll occur forIS|gnaI|ng. it diff ber of
be summarized as following 4 stages: (1) The MH sends a RE2UrNg different time slots, BS can specify different number o
QUEST signal to the BS, asking for a CDMA code to transmit its>/9nling-purpose codes. When the traffic is light, the BS can
packets with; (2) The BS, after receiving the REQUEST from arf:SSign more signaling-purpose codes, and vice versa. This is be-
MH, decides whether to grant the MH a code; (3) The MH, whos&@US€ that, if there are more signaling-purpose codes, the MHs
REQUEST is acknowledged by the BS, uses this code to transmigontention will be more likely to succeed. ,

its packets; (4) The BS informs the MH whether the transmissiod he format of a minislot is the same as that of preamble in the
is successful; If not, the MH might try to retransmit the packets PSA protocol.

We call stages (1), (2), and (dignaling the CDMA codesthe BS When an MH’s REQEUST is acknowledged, it will use the
or the MH use to send signaling information are cabéghaling CDMA code associated with the signaling minislot to transmit its
codes In step (3), the MH is doingacket transmissiqrusing the  packet. A look-up table is maitained in the BS for mapping each
CDMA codes callegbacket transmission codes signaling minislot to its associated CDMA code.



As already exploited in [5], the MSA protocol performs better
than the PSA protocol for many system circumstances of voice-
only and data-only CDMA systems. In the following section we
will focus on the protocol for the integration of data and voice
traffic.

3 \oice/Data Integration

In this section, we propose an extension to the protocols we sum-
marized in Section 2 so as to support both voice and data traffic. send data packet usiflg
We first discuss how to integrate traffic of voice and data, then the reserved code
propose a dynamic control scheme with parameters which can be
used to control the system performance.

using randomly
chosen code ify*

I
|
|
send REQUEST |
|
|
|

3.1 Integrating Voice and Data Traffic

In order to assign CDMA codes to data and voice MHs, we look at
the characteristics of voice and data traffic. In a voice MH, voice
packets are generated constantly during talkspurt periods, which ‘
average about one second a period. Compared with the short du- \
ration of a slot, typically tens of milliseconds, the average of a I AR
talkspurt is fairly long. Besides, voice packets are sensitive to + The data MH listerns fo the BS to obtain
delay and will be dropped if not transmitted immediately. Given Sycat the end of each slot,

these considerations, it is not effective for a voice MH in a talk-

spurt to contend for a code in every slot. Rather, it seems more . .
reasonable for the voice MH to contend for a code only at the start Figure 2. Flowchart for Data Terminal
of the talkspurt and reserve the code for the entire talkspurt. On
the other hand, the packets generated by a data MH are neither
continuous nor delay sensitive. Thus the data MH will contend
for a code whenever it has a packet to send.

|
|
For reasons which have been pointed out in [19], we use the ap- !
proach which assigns two distinguished code sets, one for voice }
MHs contention, the other for data MHs contention. This is to |
control the packet loss due to contention; otherwise, voice packet !
loss would be affected by the variation of data traffic [9]. We wiill }
partition the whole set of codes associated with the BSinto |
three non-overlapped subsefs,,,, which is used for reserved :
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|

return code to BS
enter TH

code rese}q@’\lo—» @ No '

Yes Yes

voice and data MHsS,., used for voice MH contentions at the

h . d REQUEST usil
starts of talkspurts, and,., which is used for data MH con- send REQ using

a randomly chosen

tentions. The elements of these sets are updated and broadcast code inSc"
downlink by the BS at the end of every slot. To control the loss Y
due to MAI, a limit L is set on how many request acknowledg- QACK~_No
ments can be sent back by the BS for successfully acquired pack- e
ets. In addition, if the number of acquired packets is beyond this Y
limit, the voice packets should be favored by the BS in acknowl- siggqhgoirgi packets ug- record the chosen
edgment because of their delay constraint.
Flowcharts of the underlying procedures in our CDMA systems
are shown in Figure 2, Figure 3, and Figure 4 for data MH, voice Y
MH and BS, respectively. These flowcharts contain the operations !
Co -

in one slot while the dashed lines indicate the transitions into the * The voice MH listens to the BS to obtain

next slot. S,c at the end of each slot.

For a data MH (Figure 2), it has three states: (1) Thinking state

(TH), in which it has no packet to transmit; (2) Acquiring state . . .

(AC), when it has a packet to transmit and is asking the BS for a Figure 3. Flowchart for Voice Terminal

code to use; and (3) Backlogged state (BL), when a data MH is

assigned a code by the BS and is transmitting its packet. Once

a packet is generated, a data MH will send out a REQUEST witlthe whole talkspurt. A voice packet is lost if it is not transmitted in
probabilityp, in the subsequent slots, asking for a CDMA code tothe next slot after its generation or corrupted in transmission due
transmit its data packet. The signaling code used is randomly s& MAI.

lected fromS,.. The data MH will transmit its data packet when The BS (Figure 4) is the central point of control. It takes the re-
the REQUEST is acknowledged by the BS. It will try to retrans-sponsibilities of: (1) determining which acquired packet pream-
mit the data packet unless both the REQUEST acknowledgmebtes to acknowledge and (2) updating the signaling code sets. Let
(QACK) and the data packet acknowledgment (DACK) have beer andy be the numbers of the acquired voice and data packet
received. preambles, respectively, ang the number of reserved codes. If
As to a voice MH (Figure 3), it does nothing during a silence gapz, y andn, add up to less thai, all REQUESTSs are acknowl-
Once a talkspurt starts, the voice MH sends REQUEST using adged. Otherwise, the voice packet REQUESTSs are acknowl-
signaling code randomly selected $h. with probability p, in edged with priority. Then the BS updates the Sgt, using the
every slot. The code associated with the first REQUEST whicliollowing two steps: (1) delete frony,, the codes associated

is acknowledged (by QACK) is reserved for the voice MH duringwith finishing talkspurts. (2) add t6,s, the codes ir,. which



wait for 1- R_suce
REQUESTS 1-ps @

v @ P

. _succ Pd * Pe_succ
p:/ Pv™ Pv_succ /

= (el ) (end

j=0 Tp 1-py

X voice REQUESTSs acq|d
y data REQUESTSs acq'd

|
|
|
|
|
|
|
|
|
i Yes 1-m - Py succ 1- o * Pe_suce
| No i=x Voice MH model Data MH model
‘ X j 1= Le(in )
: Yes
| i=x Figure 5. Models of state and transition probability
| =y of voice MHs and data MHs
[ “
‘ sendi voice QACKs
I sendj data QACKSs
} ¥ any packet. Upon the arrival of a talkspurt, it enters the Con-
| updateSg, S Sic & tention State (CS), where it sends its packets with probalbility
| broadcast downlirk in the next slot. The voice MH moves into the Reservation State
| Send DACKs (RS) once an acknowledgment to a signaling code is received, re-
e ¥ gardless of whether the packet is correctly received or not. The
* The BS also listens to reserved codes, either to catch prObablllty of thI_S IS eva_luated bp_'v X Pu_suce: Wherepv IS the
voice packets or take back those unused codes. This access probab|||’[y of voice MHs in the CS state Whﬂ/esucc is

is an underlying process not shown above. the probability of a successful contending. In the RS, the MH con-

tinuously generates and transmits packets, which may be lost due
Figure 4. Flowchart for BS to MAI. We assume the lengths of the talkspurt and the silence gap
for a voice MH to be exponentially distributed with average du-
. _ rationsl/X and1/u. We also assume the probability that a voice
are to be used in the acknowledgment of voice packet REQUESTaser returns to SS before it enters RS is zero, as can be seen in
Figure 5. Given a slot duration time the probabilities of tran-
3.2 Adaptive Voice/Data Contention Control sitions from SS to CS and from RS to SS can be calculated as
_ L , , _ pa=1—e"Mandp, =1 — e #7, respectively.
During a certain time slot, there might be some voice MHs Wh|crI}q data MH is in the Thinking State (TH) if it has no packet to

just enter the talkspurt and want to require a CDMA code for, o0 ; Al
e ; . i . It generates data packets following the Bernoulli distri-
packet transmission. An important system parameter is the magz .00 \vith the rate of,. After a packet is generated, the MH

{j’{‘]lrjiwgnounrgt%ﬁ{]eogg{? “—Fﬁscﬁgﬁsb%[ %2%?1%&’3#&3%5?#& Lontendngves into Acquiring State (AC) and contends for a CDMA code.

ing equation It moves to the Backlogged State (BL) after obtaining a code from

' the BS with probabilitypy x p._suce, Wherepy is the access prob-
C = aN, — BNy + . (1) ability while p._s,.. denotes the contending success probability.

o In the BL, the data MH keeps on transmitting the packet in subse-
Whena = 0,3 = 0, C = ¢, this is the stable method as de- quent slots until an acknowledgment is received. The probability
scribed our previous protocol [19], which mea@iswill remain  of a successful transmission is evaluategpy,.... Then it moves
the same value no matter what the system configuration is. In thiggck to the TH state.
case the number of codes for voice MHs to contend is restrictedystem variables are listed in Table K. is a system parameter
%%%2§§g§l®?|b§§36r¥\éh§%§||e:r OdnCtYiC:reggﬁ]\gs-’i_tgoﬁqﬁ]Si r{nv d_ representing the number of codes associated with theiB&an
~ = . be chosen between 60 and 80, depending upon the tradeoff be-

value,e.g. 0. Wheng = 0, C' = aN, + ¢, asN, increases, ween the BS complexity and system capacity [19]s the limit
C will be larger, and thus can reduce possible contention for th posed on the number of packets transmitted in one slot. As dis-
voice users, untiC’ reaches its maximum permissible value. Thecussed in Section 2, we wish to determine what the optimal value
tuning and control ol is one of the main focuses of this paper. C will be for each of the protocols. For the PSA protoddlis

Equation 1 might not be used directly in practical system desigrynosen a€' = aN, — BN, + co. For the MSA protocolC' can
but it shows the basic feature of choosing an appropriate value ¢je expressed as

C.

4 Analysis of the voice/data integration protocol C = min(W x H,aN, — Na + co)
In this section, we present analytical models to evaluate the perfoythere W is the number of minislots available per signaling-
mance of the MAC protocols proposed in Section 2 and Section PUrpose code. Al decreases, the size of a signaling minislot
First, we establish the voice and data traffic models and define tHll increase and thus the MAI loss for the REQUEST will de-
system parameters. Then, Markovian models are developed féfease.H is the number of codes which are assigned by BS to
the mixed voice/data traffic CDMA system, respectively. SeveraPe€ the signaling-purpose code. For the MSA protdéok H is

performance measures are defined based on these analytical mtg total number of signaling minislots which can be used to carry
els. REQUEST of the MHs.

4.1 System variables and terminal models 4.2 Markov Model for the Voice/Data Integrated System

The voice traffic and data traffic models are depicted in Figure 5Given N, voice MHs andV,; data MHs in a cell, the system can
A voice MH stays in the Silence State (SS) without generatinde described by four-state variables,., Ny, Ny, N;}. In order to



Variable  Description
K number of codes associated with the BS
C maximum number of codes for voice MHs to contend
c’ current number of codes available for voice MHs to contend
L limit of simultaneous packet transmission
co,,3  associated witl', C = aN, — 8N4 + co
w number of minislots per signaling code (for MSA)
H number of signaling codes (for MSA)
T slot duration time
Ny number of voice MHs in the cell
Ny number of data MHs in the cell
Ny number of voice MHSs in the reservation state
Ns number of voice MHs in the silence state
Ne number of voice MHs in the contention state
Ny number of data MHs in the thinking state
N, number of data MHs in the acquiring state
Ny number of data MHs in the backlogged state
1/ average of talkspurt duration
1/p average of silence gap duration
Do access probability of voice MHs in the CS state
Do packet generation rate of data MHs in the TH state
Pd access probability of data MHs in the AC state

Table 1. System variables

e Pg(z): probability of packet loss due to MAI whenpack-
ets are attempted to be transmitted in one slot. Suppose the
packet size is bits and at most error bits are correctable.
If we assume the bit errors ared. within a packet,

n

> Bln,k,Py(2)

k=t+1

PE(Z> =

where functionP, (z) is used to approximate the probability
of bit error.

e ¥(cy,cCq,ay,aq4,n,.,np): the probability thatz, REQUEST
of voice packets and; REQUEST of data packets are ac-
knowledged given that, voice packets and; data packets
make access to the medium in a slot whilevoice users are
in RS andn, data users in BL. This function’s parameters
should satisfy the following constraints;, < ¢,, aq < ¢q,
a, <C'yag < K—-C"—n,anda, +aq < L —n, —ny.
C" is the current number of codes available for voice MHs to
contend.

‘I’(cva Cd, Ay, a/danranb) =

find the stationary distributions of these variables, a Markov chain

embedded at the slot boundary can be considered. This is because

the system state, denoted b¥,, N;, N, N;}, at the(v + 1)st

embedded pointi.e. the (v + 1)st time slot) depends only on
that at the(v)st point. This Markov chain is ergodic since it is
irreducible, aperiodic and with finite states. To solve this four-
dimensional Markov chain, a simplification can be made [12] to
split it into two sub-processes: a speaking-silence process and
a reservation process. The first process has one-state variables
{N;}, whereN; is the number of voice MH in the Silence State.

Its stationary distribution can be calculated as follows [12]:

Ayns
() = (V1) 2

ns’ (14 %)Nv
wherer(n,) stands for the probability that, voice MHs stay in
Silence State.

The second process is an three-dimension process with state vari-

ables{N,, Ny, N, }. Its evolvement depends d¥;,. The station-
ary distribution of this proces§PiN, = n,,Ny, = ny, Ny =
ne | Ns = ngl}

chain, P;NT = n,, Ny = ns, Ny = np, Ny = ng], can be calcu-
lated as follows:

ﬂ—(nr;ns:nb:nt) = ﬂ—(nra:nb:nt ‘ ns)ﬂ_(ns) 2

In order to obtain the solution tfPHN,. = n, | N, = ng|}, we
first list two functions defined in [12] for our later discussion.

e B(n,m,p): Binomial distribution,
B(n,m,p) = (n)pm(l -~ "
m

e ®(a,m,q): the probability thaly REQUEST are acknowl-
edged wher MHs make access @ codes in one slot.

min(m,a)

Y (m — K)ok
Z (=1 (k—aq)!(m —k)!(a — k)!

k=q

(—=1)2m!a!

q'm@®

®(a,m,q) =

_ or {m(n,,ny,n¢ | 1)}, is assumed to exist [12].
The stationary distribution of the original two-dimension Markov

( fb(cv,C’,av)‘?(cd,K -C' - npy — nbaad>
if (av +aq <L —n, —np)
cd

>

i=L—np,—np—ay
if (ao <L—np —np)A(ag=L—n, —np —ay)

Cy

Z ®(co, C', 1)

1=a,

L if (ao =L —mny —mnp) A(ag =0)

@(CU,C’,av) q>(cd7K_C’_n7‘_nbai)

Using the above functions, the one-step transition probability of
the contending process, conditionedén= n, can be evaluated

by

PriN,(t+ 1) =7",Ne(t+1) =&/, Np(t +1) =
‘Nr(t) = raNt(t> = iva(t) =7

Np—r—ns min(i,Ng—i'—j")

2 2

m=maz(r'—r,0) l=maz(0,i—i")
B(i’lapo)B(jyi, _Z+la1_PE(J+r+H)>
Ny—r—ng Ng—i—j

2 2

g=i'+j' —i—j+l
B(Nv -r—- ns;map’u)B(Nd —1 _jvgypd))

jl
]:

B(T:TI —m,1 —ps)

(\I’(m,g,m,i'—l—j' _i_j'i'ly,r’j)

With the transition probability, we can first construct the one-step
transition matrixP and then solve the equationsléf= TP and

> mi = 1toget{r(n, |n,)}.

Once{n(n, | ns)} is obtained for every value dV,, the sta-
tionary distribution{=(n,,ns)} can be calculated by Eq. (2). It
can be used to derive many performance measures which will be
introduced in next subsection.

4.3 Performance measures

Based on the description of our protocol, the following two The important system performance measures include the voice

functions can be used.

packet loss rate, data packet through[putand delay. In this section,



they will be derived based on the Markov chain model discusseBased on the above averages, the averages of the performance
above. measures, namely, the voice loss rate due to REQUEST con-
The average number of voice MHs in the Contention State (CSyention,V LR¢, the voice loss rate due to MAV LR, the total
E(N.), the average number of voice MHs in the Reservation Statdoice packet Loss raté/ L, the data packet throughpdt, and

(RS), E(N,), the average number of data MHs in the Thinkingthe data packet average delay, can be calculated as follows:

State (TH),E(N;), and the average number of data MHSs in the

E(Lc)
Backlogged State (CSJ(NV.), can be calculated as follows, e E(VLRc) = m
Ny Ny—np Ng Ng—mnt o B(VLRu)= E(Lar)

E(NC):Z Z Z Z (Ny — nyp — ng)m(ng, ns, np, ne)

nr=0 ng=0 n¢=0 np=0
Ny Ny—n,. Ng Ng—ng

E(N;) = Z Z Z Z np(Nr, Ns, N, Nt
np=0 ns=0 ny=0 np=0
Ny Ny—np Ng Ng—mng

E(N¢) = Z Z Z Z e (Nr, s, Np, Nt
np=0 nsg=0 ng=0 ny=0
Ny Ny—np Ng Ng—ng

E(Ny) = Z Z Z Z npm(Ny, Ns, Ny, Nt)

nr=0 ng=0 n¢=0 np=0

E(No) + E(N;)

o E(VLR) = E(VLRg)+ E(VLRy)
e E(T) = E(R).

N, — E(Ny)

e E(D)= E(R)

5 Numerical Results

The purpose of this section is three folds: (1) to evaluate the per-
formance of the two CDMA MAC protocols proposed in Section 2
and (2) to investigate impacts of some of the system design param-
eters.

Let L andLj; be the number of voice packet loss per slot due to

REQUEST contention and MAI, respectively, @Rde the num-

5.1 Performance Evaluation Configurations

ber of data packets which are correctly received per slot. Their
averages can be computed as follows:

N, Ny—n, Ng Ng—nt

se=Y 3 Y S

np=0 ns=0 ny=0 np=0
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The configurations for performance evaluation are depicted in Ta-
ble 2.

We consider a cell with a number of active voice or data MHs. The
processing gain of the systerd, is 31. Time is divided into slots

of 16 ms and 17.9 ms long for MSA and PSA respectively. The
average durations of talkspurts and silence gaps are 1.0 and 1.35
seconds, respectively. BCH-codes are used for error correction
for both voice and data packets. A packet is taken as a code of
255 bits. We use (255, 131, 18) BCH-code for voice and data
packets except for voice packets under PSA protocol, a (255, 147,
14) code is used. A signaling code uses BCH code (31, 11, 5)
[7] which means the identification number for a MH can have up
to 11 bits, which is enough for a microcell environment. We use
the Gaussian Approximation to determine the bit error probability

[10, 13]:
Py(2) = %erfc ((—2(Z3G DI Z—Z) E)

whereer fc is the complementary error function [13E, /Ny is

10 dB. The voice and data transmission probabilitigsandp,,

are both chosen as 0.9 because as pointed out in [8], a fixed re-
transmission probability of 0.9 can achieve near optimal perfor-
mance.

For all our configurations, we choo$¥ equal to 8, so for the
MSA, there can b8 minislots in one code, each minislot occupies
[255/8] = 31 bits.

5.2 Numerical Results

Similar to [5], we performed simulation to investigate the perfor-
mance of our integration protocol. Each simulation point is an
average of 3 runs lasting 3000 seconds.

Figure 6 to Figure 9 show the comparison of the performance of
PSA and MSA when integrating voice and data services. From



Variable PSA protocol ~ MSA protocol
CDMA processing gaitts 31 31
CDMA base rate (bps) 16,000 16,000
\oice data rate (bps) 8,000 8,000
Slot length (ms) 17.9 16
Packet length (ms) 15.94 15.94

BCH code (voice)
BCH code (data)
BCH code (signaling)
1/X(second)
1/p(second)

Pv

Pd

(255,147,14)
(255,131,18)

(255,131,18)
(255,131,18)

(31,11,6) (31,11,6)
1.0 1.0
1.35 1.35
0.9 0.9
0.9 0.9

Table 2. Performance evaluation configurations

(a) Voice packet loss rate (b) Data packet throughput

Figure 8. Performance for PSA, K =70,L = 40,¢y =
5,a=0,8=0,pp =0.3

these figures we can see that for most of the time, the MSA pro-
tocol performs much better than the PSA protocol with respect to

the average voice packet loss rate and data throughput. For exam-
ple, in Figure 9, it is shown that, given a number of voice MHs,
what is maximum number of data MHs that can be supported in

the system such that the voice loss will be smaller thah. when

N, = 35, 15 data MHs can be served with average voice packet
loss rate to be less thad¥ if MSA is used. However, for PSA,

only 9 data MHs can be supported.

L ez tisA o

ughput(Kbps)

Data thro

Nv=23 MSA =—T

L Nv=47 MSA -
Nv=47 PSA -

0001 L ; L
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Number of data MHs (Nd)

(a) Voice packet loss rate
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Number of data MHs (Nd)

(b) Data packet throughput

Figure 6. Integration performance of MSA and PSA
(1)1 K = 70;L = 40;00 =da= O;ﬂ =0,p, =0.3

(a) Voice packet loss rate

(b) Data packet throughput

Figure 7. Performance for MSA, K =70,L = 40,¢y =

5a=0,8=0,p9=0.3

Figure 10 and Figure 11 show the impactoéind 3 on the inte-

gration protocols. As we discussed in Section 3.2y axcreases,

35

T T T
MSA: K =70, Pv=0.9 Po=0.
PSA:K=70,Pv=0.9Po=

25k |
20F |
15 | T |

10 | g

Maximum number of data MHs
#

.
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20 25 30 35 40 45 50
Maximum number of voice MHs

Figure 9. Voice loss < 0.01, K = 70,L = 40,¢y =
5a=0,8=0,po =0.3

crease. Large#B, on the other hand, can help the data through-
put increase but will cause more voice access contention and thus
increases the voice packet loss rate. Take, for example, in Fig-
ure 10, forK = 70,L = 40,¢9 = 5,8 = 0,p, = 0.3, when

N, =40, N4 = 30, as« increases to 0.47, the voice loss rate will
drop to less than%. But the data throughput will drop from 30
Kbps to only 15 Kbps. One can find out that, wherincreases

to 0.5, the voice loss rate will even becomes less than the case
when N, = 20, N4 = 30. This is due to the impact aW, in

C = aN, — BNg + ¢o. WhenN, becomes large, thé' will
become large, too, and will lead to significant decrease in voice
packet loss rate. However, in this case, the data throughput will
also decrease dramatically, as shown in Figure 10(b). These re-
sults show that in order to maintain the voice loss at some lavel,
can be tuned according to the current system configuration, with
the sacrifice of data throughput.

ForK =70,L = 40,¢y = 8,p, = 0.3, N, = 40, Ny = 20, one

can use Figure 11 to see the impact of betand3 on the MSA
protocol. It can bee seen that there is no significant interaction
betweern andg. Both the voice loss rate and the data throughput
will drop dramatically wheru reaches to some value (about 0.5

in the figure). On the other hand, there no significant change in

the voice loss rate will drop but the data throughput will also dethe voice loss rate and the data throughput when the valye of
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