
12 

Theoretical Analyses of Data 
Communications Integrated into 
Cordless Voice Channels 

Radhakrishna. CANCHI. and Yoshihiko. AKAIWA. 
Graduate School of Information Science & Electrical Eng .• 
Kyushu University 
6-10-1. Hakozaki. Fukuoka 812-81. JAPAN 
Phone: +81-92-642-3890 Fax: +81-92-632-5204. 
E-mail: radha@mobcom01.is.kyushu-u.ac.jp 

Abstract 
Dynamic integration of data into voice channels of 2nd generation cordless systems provides an 
effective channel utilization. This paper proposes and theoretically examines an Inhibit and 
Random Multi Access (IRMA) protocol for data terminals in the integrated voice and data 
system. Analytical expressions are derived to quantify the effect of data inhibition on its 
performances, i.e. throughput and delay for both infinite and finite population model. We 
investigate the data performance in two extreme situations: 1. No voice load and 2. Full voice 
load. The numerical results indicate that a comparable performance can be achieved. 
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1 INTRODUCTION 

The last decade has witnessed an unprecedented development in the arena of wireless data 
communication systems (Kaveh Pahlavan,1994). The advent of digital cellular and cordless 
systems primarily for voice applications and local and wide area data networlcs for data oriented 
services, has stimulated the ideas and efforts for integration of services in order to evolve 
Personal Communication Networlcs. At the other end, the advances in computer technology 
and signal processing, spurred by the miniaturization, have shown the feasibility of mobile 
computing as well as personal voice and data communication using a portable device. 

Various schemes have been proposed in literature for voice and data integration in wireless 
networks «Akaiwa,1994), (GangWu,1994), (Jeffrey,1995), (Sanjiv,1994». This paper 
examines an Inhibit and Random Multi Access (IRMA) protocol (Akaiwa,1994) for data 
transfers to be integrated into voice oriented digital channels of cordless systems such as PHS 
during the silence periods of speech activity. The data transmission performance degrades due 
to the constraint, i.e. data inhibition, provided in the integrated voice and data system. We 
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derived analytical expressions to quantify the effect of data inhibition on the perfonnances, i.e., 
throughput and delay, of the data communications. In our analyses, we consider both infinite 
and finite number of data terminals. rmally, a finite population case of integration is modeled 
and analyzed by assuming an approximate Markovian process. The expressions for average 
throughput and average delay are obtained for a simple two state speech model. 

2 SYSTEM DESCRIPTION 

The integrated system consists of a base station and a number of terminals, separate for voice 
and data, that share a common radio channel with a pair of frequencies. The basic access 
scheme assumed for voice terminals is TDMA with an assignment of channel on demand and an 
IRMA for data terminals. The base stations broadcast in the format of frames of fixed length 
that is further divided into equal time slots. The length of each slot is identical to that of a 
packet. Bach packet is an integral of actual information bits and some overheads required for 
synchronization and signaling. Our area of investigation is limited to the communication 
between cordless terminals and their base stations. 

3 IRMA PROTOCOL FOR DATA COMMUNICATIONS 

The data communications are controlled by the respective base stations by broadcasting 
appropriate control signals at the beginning of each slot. By assuming a voice activated 
transmission, we dynamically integrate the data into the channel during silence periods of 
speech activity. Whenever a silence period is detected in a channel occupied with voice 
communications, the base would indicate this event by broadcasting the corresponding signal in 
the down link. The data terminal transmits in the form of bursts of duration equal to one time 
slot. Since the system is voice oriented, the crucial issue is how to avoid collision between 
voice and data packets. The first packet of the resumed talkspurt indicates the restart of voice 
activity with a view to avoiding any loss of voice packets. In order to resolve any collisions 
between voice and data whenever speech transmission is resumed, data terminals are inhibited 
from transmissions in the following slot and then allowed to access the channel randomly. In 
other words data terminals follow an IRMA protocol for channel access. 

4 ANALYSES 

4.1 Case 1: Infinite data terminals and no voice load 

The system is assumed to have infinite data terminals and the propagation delays over radio 
channel is quite small compared to the packet transmission time. Each user have almost a 
packet ready for transmission. We assume no voice traffic, i.e., all slots are available for data 
transfers. However, data transmission is inhibited after every collision. The average offered 
load, G, follows the Poisson distribution. The activity on the channel can be divided into cycles 
where each cycle contains zero or one or more idle events, an active event and an inhibit event 
in case of a collision and busy events during reserved slots. The throughput of the channel, S, 
is the average successful duration in a given cycle of operation. The normalized throughput 
without any reserved slots is derived as 

(I) 
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This is compared with the throughput of Slotted ALOHA S = G e·G as in the Figure I. 
The maximum throughput achievable is less than that of S-ALOHA and is because a slot is 
unutilized following every conflict. The throughput obtained for the infinite model reaches a 
maximum value of 30.2% at an offered load of 76.8%. This throughput value is comparable to 
that of Slotted-ALOHA where the maximum throughput is 36.8% at an offered load of unity. 
Moreover, at lighter loads, the effect of inhibition on data transfers is insignificant and 
throughput is identical to that of S-ALOHA. Furthermore, in typical ALOHA networks the 
channel traffic is usually in the range of 0.10 or less(Norman Abramson,I994), in which case 
our system offers the effective usage of the channeL 
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Figure 1 Throughput characteristics of infinite data terminals. 

The delay analysis accounts newly arrived and retransmitted packets as separate 
variables(Kleinrock,1984). The retransmissions take place randomly in one of the following k 
slots (lg SK) after a collision is confirmed and each slot being equally likely with probability 
11K, where K is a backoff parameter. The more accurate expressions of normalized throughput 
S and delay Dn, by considering the delay experienced by collided packets, are obtained as 

S =G q, 
q,+ l-qn 

(2) 

where 

Dn = 1 + H (I + K ; 1 ) (3) 

where H = (GIS - 1) = average retransmissions given in terms of S,G and K. 
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Figure 2 depicts the delay performance given by the equations (2) and (3) for the infinite 
terminals model. The delay that a data packet experiences, in terms of slots, is obviously higher 
than that of S-ALOHA since a slot is unutilized by data terminals for every collision. 
Nevertheless, the delay values are comparable to that of S-AWHA . 
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Figure 2 Delay characteristics of infinite data terminals. 
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4.2 Case 2: Finite data terminals and heavy voice load 

A finite population case of integration is modeled and analyzed by assuming an approximate 
Markovian process. The expressions for average throughput and average delay are obtained for 
a simple two state speech model. In this section, we derive the expressions for throughput and 
delay with the help of Steady (Equilibrium) State Analysis. 

Since the system is voice oriented, the blocking probability of the integrated system is same as 
that of voice only system. In this section we donot consider the signaling traffic of voice users 
and call set up procedures but we assume fixed number of connections by voice users all the 
time. Though this fixed number of connections can be evaluated by considering some 
performance measures, such as blocking probability, we assume a typical heavy (full) loading 
conditions during busy hour where all channels (slots) are occupied voice. In other words, the 
fixed number of connections equal to the number of slots in a TDMA frame. Let each TDMA 
frame be divided into N equal time slots, of which Nv slots, where 0 :s; Nv :s; N, are always 
occupied by voice calls. In the present case Nv = N. 

Voice Traffic Modeling 
For voice traffic, the talkspurts and silence periods within a voice call are also exponentially 

distributed with means Tt = l/a seconds and Ts = liP seconds, respectively. The steady state 
(equilibrium) for Talkspurt and Silence can be obtained as 

Pm 
PT =----- (4) 

where P 1'2S and P S2T are Talkspurt to Silence and Silence to Talkspurt transition probabilities 
in a slot durationT sec, respectively. 

Data Traffic Modeling 
The data traffic is assumed to be an approximate Poisson process with arrival rates Ad 
messages per second. The data message length is assumed to have a geometric distribution 
with mean l/~d. Consider a finite number of data terminals M. The behavior of each terminal 
can be described by a model with three states : data generating(DG), contending for a channel 
(DC), and transmitting data packets (Dn successfully. 
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By assuming the discrete random process points at the beginning of frames, consider a point 
of time t at the beginning of a frame "x "(x is an integer) as shown in Figure 3. If Ix,mx,kx 
denotes the number of data terminals generating, contending and transmitting respectively, then 
the frame x can be described by state vector {lx,mx,kx}. Since the total number of terminals is 
finite and constant, M, the state vector can be simplified to {mx,kx} where Ix is given as {M­
mx - kx}. Since the transition to the state {mx+ J.kx+l }, at t +1, depends only on the events at t, 
we can follow a Markovian analysis. A steady state distribution exists for this process since 
o ~ mx ~ M and 0 ~ kx ~ N 

Frame x Frame x + 1 

(a ,b) (c ,d) (mx+l ,kx+I ) 

Figure 3 TDMA frame and instants of state transitions. 

If1r;j denotes the steady state probability of the system in state (i,j ) and Pijrs denotes the one 
step state transition probability from state (ij) to (r,s) , the steady state probabilities given by 
solving a set of linear equations 

n = n P and r. lrij = I, (5) 

where n = {1r;j } = steady state vector, and P = {Pijrs} = State Transition Matrix . 

. Since each frame has N slots and the state at the end of the N th slot gives the state at t + I, 
i.e., at the beginning of frame x + 1. It is enough, if we evaluate the state at the end of N th 
slot for a given state at t. To arrive at this, we consider all possible state transitions within the 
frame of x by adopting an approximate Markovian analysis again. 
While (a,b) being the state vector at the end of k th slot, k + 1 th time slot (channel) of frame x 
exists in one of the following states as far as the data terminals are considered : 

1. Talkspurt state 
2. Occupied by a data terminal 
3. Inhibit state 

and 4. Idle state 

Let P TS ,PUT, PIN and P IDLE denotes the probabilities of a channel being in the above states, 

respectively and can be obtained as 

N v Pszr 
PTS = PT -N- = -----

Pm + Pszr 
(6) 

(7) 

(8) 

Then the probability of an idle state is given by 

(9) 
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1be probabilty that a voice slot is in silence state is given as P SIL = 1 - P ~ 

The elements of P are obtained by an iterative equation given as 

N M·b 

p ,(c,d) = L L qabcd P ,la.b) 
b=0 8=0 

where a = mik) = mx @ the end of k th slot. 
b = kx(k) = h @ the end of k th slot. 
e = mx(k) = mx @ the end of k+ 1 th slot. 
d = kx(k) = h @ the end of k+ 1 th slot. 

(10) 

p;} a.b) = 1be probability of state {a.b } given the state at the start of frame, i.e.Oj ). 
qabal = one step(slot) ttansition probability from state (a.b) to (c,d) taking into 
account of the probabilities of silence state, inhibit state of the channel etc. 

The matrix P is constructed by using the iterative equation (10) for all possible values of ij , 
where 0 ~ i ~ M - i and 0 ~ j ~ N and then steady state vector{ 11:;j} is calculated. 

1be total average data throughput for the finite population model during the silence periods of 
channel is given by 

S =S, +Sc (11) 

where S" the ratio of the average number of data packets successfully transmitted in a frame to 
the number of slots(N ) in a frame by taking average silence and inhibit probabilities, PSIL and 
PIN into account, and Sc. the average number of data terminal that are successful in a slot in an 
equilibrium state given a data generation rate 0; can be evaluated as 

N M·t N M·t 

S , = P~1L L L k 1& lilt and S c = M (1 - L L (m +k) 1& lilt (1 
i=0 111=0 i=0 111=0 

The total average delay experienced by data packets for this case is given as 

D = Dc + D,(Packet Length) = Dc + D, «(l/~ -1) 

where, By Little's results, 

N M·t 

L L k1&IIIt 

d D = _i=_O_III....,=O:--__ 
an, S , 

5 NUMERICAL RESULTS OF THE PERFORMANCES 

(12) 

(13) 

(14) 

In order to obtain the numerical solutions, the iterative procedure of relaxation is applied to the 
equations (5), i.e., 

n = Umll~con"p· (15) 
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where n is chosen sufficiently large so that truncation error is negligible and the calculation is 
terminated when iterative values of n converges. For numerical results the system with the 
parameters listed in Table 1 is considered. 

Table 1 System Parameters 
Parameter 
TDMA frame length (m.sec) 
Slots per TDMA frame 
Average talkspurt duration (sec) 
Average silence duration (sec) 
Voice source coding(Kbps) 
Data terminals 
Data generation rate (packets I slot) 
Mean data length rate 

Probability of data transmission 

o 0.5 1.5 2 2.5 
Offered load 

(a) Without reservation 
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Figure 4 Performance characteristics of finite population model. 
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The performance achieved with the IRMA protocol with the transmit probability 0.1 is shown 
in Figure 4. Figure 4(a) shows the throughput curves for No voice load and Full voice load for 
the finite data terminals without any slot reservation facility. The maximum throughput per 
silence duration during heavy voice load conditions found to be 22%. Figure 4(b) represents 
the average throughput and delay performances as the number of terminals with slot reservation 
facility per base station is varied. The maximum number of data terminals per base station for 
stable operation is 19 and the corresponding throughput and delay are 70.44% and 216.79 slots 
respectively. Figure 5 shows the performance for 16 data terminals as the transmission 
probability is varied. The optimum range of transmit probability over which high throughput 
and low delay can be achieved is found to be 0.05 - 0.15. 

6 CONCLUSIONS 

An IRMA (Inhibition based Random Multiple Access) protocol suitable for data integration into 
the voice channels of digital cordless system has been theoretically analyzed. The analytical 
results indicate that a comparable performance of data communications can be achieved by 
integrating data during the silence duration of speech activity despite the constraint, i.e. 
inhibition, on the random access of data terminals . 
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Figure 5 Performance curves versus transmit probability with M = 16. 
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