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Abstract— In the context of multimedia wireless transmission,
a link adaptation strategy is proposed, assuming that the source
decoder may accept some remaining errors at the output of the
channel decoder. Based on a mean bit error rate for erroneous
frames criterion, a target bit energy-to-equivalent noise ratio is
chosen. Under this constraint, a maximization of the minimum
user information rate is applied through dynamic spreading gain
and power control, allowing to guarantee a transmission for each
and every user.

I. I NTRODUCTION

With emerging ”high rates” communication systems, like
UMTS ([1], [2]), real time multimedia data packets wireless
transmissions (like videos for example) become possible.
Crucial points of this kind of transmissions are the lack of
robustness of the source decoder when errors still occur after
channel decoding and the need of continuous transmission
for streaming like applications. Thus, the transmission has
to ensure a required reliability of the data for a continuous
transmission, introducing the concept of Quality of Service
(QoS). In the different standards, fading channel parameters
are estimated during a frame duration, during which the
channel parameters are about constant. As the channel may
evolves, frames contain some remaining errors, which rate
(notedCBER) varies. But a robust source decoder may accept
some erroneous frames. So to guarantee a fixedQoS to the user
of a multimedia service, we have to maintain a continuous
transmission constraint to a given performance function ofthe
CBER.

One way to achieve this goal is link adaptation [4]. In
a wireless communication system, link adaptation allows to
manage the radio parameters at the transmitter in order to
achieve the required performance at the receiver when channel
parameters evolves from frame to frame. After choosing a
system performance criterion (here we use theCBER), in func-
tion of channels parameters, we adapt coding rates, spreading
factors and powers at the transmitter in order to obtain the
required QoS. Most of link adaption schemes proposed in
the literature (see [6], [7] for example) consider the total
throughput maximization in the cell constraint to Bit Error
Rate (BER) or frame error rate (FER) at the output of channel

decoder. This optimization is achieved by mean of dynamic
spreading factor and power control. It results in the fact that
some users may not be allowed to transmit. This solution is
not well suited since we want to ensure a constant connection
for each user (even for these facing severe fading). TheQoS
problem we want to address here is to ensure that each and
every user can transmit at any time with the minimum user rate
as high as possible. This can be stated as the maximization of
the minimum of the user information rate within a cell. Thus,
with this new link adaptation criterion, we should guarantee
a minimum QoS for a given channel state. Moreover, most
of the constraints used in the literature are based on BER
or FER criteria (see [10], [6] for example). Here we will
base our constraints on a CBER criterion which can take into
account the fact that errors can be correlated at the output
of the channel decoder. No retransmission is considered as
we assume that a robust source decoder may accept some
erroneous frames.

The paper is organized as follows. First, we present the
channel model reminding that the global channel can be
modelled efficiently as a gaussian channel whose bit-energy-
to-equivalent-noise-spectral-density-ratio,Eb/Ne, depends on
the channel and the transmitter parameters. We will also define
the CBER as a function ofEb/Ne. Then we will present the
proposed link adaptation scheme and the solution of the stated
problem of the maximization of the minimum information rate.
Last section will give some simulation results.

II. SYSTEM MODEL

We consider the uplink of a Direct Sequence-Code Di-
vision Multiple Access (DS-CDMA) communication system
composed of a transmitter (convolutional channel coder and
spreader), a block Rayleigh fading channel, and a receiver
(decorrelator + Viterbi decoder). We assume that there are
Nu users in the system. LetSk and Rk, respectively, be
the spreading factor and the channel coding rate associated
with userk. BPSK modulation with amplitudes{−1,+1} is
used for each user. At the transmitter the pulse shaping filter
generates a rectangular pulse of a chip duration with unit
energy. LetPk be the transmitted power andαk be the channel



gain which is assumed known and constant during a frame for
each user. The system is illustrated in figure 1.
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Fig. 1. Communication chain

At the receiver, the matched filter output for userk′ can be
written as

rk′ = sk′ + nu + n (1)

where sk′ is transmitted signal for userk′, nu denotes the
multiuser interference andn is Additive White Gaussian
Noise (AWGN ) with double sided spectral densityN0/2.
Assuming the multiuser interference is gaussian and indepen-
dence betweennu and n, we can explicitly write ([9], [8]),
within each frame, the bit-energy-to-equivalent-noise-spectral-
density-ratio,Eb/Ne, at the input of the channel decoder as

(

Eb(k
′)

Ne

)

=
1

Rk′

Pk′αk′
2Sk′

N0 + β
∑

k 6=k′ Pkαk
2

(2)

whereEb(k
′) is the mean bit energy at the receiver for user

k′ and β is a constant dependent on the choice of spreading
sequences. We recall thatαk is the channel gain which is
assumed constant during a frame.

Performance analysis of this system is equivalent to perfor-
mance analysis of a convolutional code for an AWGN channel
with mean signal-to-noise-ratioEb/Ne. For a convolutional
code over an AWGN channel, the Frame Error Rate (FER) can
be expressed at the output of a Viterbi decoder for a terminated
trellis as [3], [5]

FER = 1 − (1 − Pe)
K−ν (3)

whereK is the number of information bit within a frame,ν
is the memory of the code andPe is error event probability.
An error event of lengthl and Hamming weightd is a path
diverging at a particular node from the reference path (here, the
all-zero codeword) and merging again for the first time afterl
trellis sections.Pe can be expressed using the coefficients of
the weight enumerator [11] as follows

Pe ≃

+∞
∑

d=dmin

adPd (4)

wheread is the number of error events with Hamming weight
d, dmin is the minimum distance of the code and

Pd = Q





√

2dR

(

Eb

Ne

)(i)


 (5)

where Q(.) is the Gaussian tail probability function. In the
same manner, the BER can be deduced from the weight
enumerator [11] as

Pb ≃

+∞
∑

d=dmin

cdPd (6)

wherecd is the number of erroneous information bits for all
error events of hamming weightd.

We can also define the conditional bit error rate

CBER = BER/FER

as the bit error rate for an erroneous frame. The CBER allows
us to take into account the fact that an erroneous frame has a
residual bit error rate that is higher than the average BER.

Figure 2 shows simulation results and theoretical bounds
for various frame lengths for the rate 1/2 convolutional code
with polynomial representation in octal (561,753), used inthe
UMTS norm [2]. Analysis of these curves show that for high
signal-to-noise-ratios, the CBER remains almost constant. This
is used in the sequel.
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Fig. 2. CBER for AWGN channel with different frame lengths. (B)bounds
for high signal-to-noise-ratios, (S) Simulations.

III. A LINK ADAPTATION STRATEGY

We consider the case where all users have the same priority
and importance in the cell,i.e. the sameQoS is required
for each user. We assume that there is no retransmission of
erroneous frames and that the source decoder can tolerate some
errors. For each frame, each and everyuser is transmitting.
The observations made about the CBER allow to fix a target



(Eb/Ne)t: we consider the signal-to-noise-ratio range for
which the CBER is slightly decreasing, ensuring for each
frame length a CBER ”quasi” minimal. As we allow each
and every users to transmit simultaneously, a link adaptation
based on maximization of the total throughput (see [7], [6]
for example) is not well suited, because , as a result of
the optimization, some users may be not allowed to transmit
during a frame duration. Moreover, we want to be able to
guarantee a minimumQoS for each user. Thus we propose
a link adaptation based on the maximization of the minimum
information rate for each user with a constraint on(Eb/Ne)t.
Also, transmission with a given reliability (parameterized by
(Eb/Ne)t and a minimum information rate will be provided
for each user.

A. Problem statement

Considering (2), we can write for each userk′

rk′ = (Eb/Ne)
−1
t

Pk′αk′
2

N0 + β
∑

k 6=k′ Pkαk
2

(7)

whererk′ = Rk′/Sk′ is the information rate of userk′.
The maximization of the minimum of the information rates

can be expressed using (7) as follows

max
{P

k′}
min

k′

rk′ (8)

The solution of (8) is given in the following proposition (see
the appendix for proof). We assume that each and every user is
allowed the same maximum powerPmax due to mobile power
limitation.

Proposition 1: Assuming that, for each and every userk,
we have0 ≤ Pk ≤ Pmax, and that the user indices{1 . . . Nu}
are in increasing channel gain order (α2

1 ≤ · · · ≤ α2
Nu

), the
solution of (8) is given by

Pkα2
k = Pmaxα

2
1 , k = 1, · · · , Nu (9)

whereα1 is the weakest channel gain.
Corollary 1: When the maximization of the minimum rate

is achieved, each and every user has the same information rate
given by

rmax−min = (Eb/Ne)
−1
t

Pmaxα
2
1

N0 + β(Nu − 1)Pmaxα2
1

(10)

B. Link adaptation scheme

Based on the above section, we describe here a link adap-
tation scheme which consists on the maximization of the
minimum rate, constrained by a requiredEb/Ne at the input
of the channel decoder based on the CBER.

We now describe the different steps of the link adaptation
we propose:

1) Select the required targetEb/Ne. This constraint is
based on the CBER ensuring that CBER is minimal for
each frame length.

2) Knowing the channel gain amplitudesαk and the num-
ber of usersNu in the cell, select the weakest user
(associated with the minimum channel gain).

3) Compute powers at the transmitter according to Propo-
sition 1.

4) Knowing the set of availableRk andSk for userk, select
the best suited set{Rk, Sk} such as

rk =
Rk

Sk

<= rmax−min (11)

IV. SIMULATION RESULTS

In this section, we present some simulation results for
the above proposed link adaptation. In order to analyze the
performance of this link adaptation scheme, we have to track
the constants and the variables of the system. The main
constant is the channel statistics, composed by the channel
gains distribution (assumed to be the same for each user) and
the gaussian noise distribution. The number of usersNu is
also assumed to be known and constant. Letrk be the average
information rate achieved for userk during the transmission
for a given link adaptation scheme. It is defined as the mean of
the information rates of userk over the number of transmitted
frames where the rate for a given frame is solution of the
adaptation link optimization. LetEb(k) be the average energy
per bit required during the entire transmission, defined as the
mean of the energy per bit over the number of transmitted
frames. For a given frame, the received energy per bit is
defined asEb(k) = Pkα2

kSk/Rk, where {Pk, αk, Sk, Rk}
are the solutions of (9). Also, it is clear thatEb(k) and rk

are functions of the system parameterized by the channel
evolution and the link adaptation strategy. Hence, we will give
performance parameterized by the channel distribution andthe
number of users versus the gaussian noise power.

In this paper, we restrict our analysis to the case where
each and every user has just one channel coding rate available.
Let R be this channel coding rate. We assume that all user’s
channel gains are independent and follow the same Rayleigh
distribution. The convolutional code we use is the rate1/2
with polynomial representation (561,753). If steps 1 to 3 are
strictly unchanged, step 4 is reduced to the selection of the
best suited spreading factor given according to (11) by

1

Sk

<= Ropt/R (12)

Moreover, as all user have the same coding rate, they have
the same spreading factor. From the above definitions, we
have rk = r and Eb(k) = Eb = Pmaxα

2
1Sf/R for all k,

whereα1 is the channel gain of the weakest user andSf is
the solution of problem (8) for a given frame. In the sequel
Pmax is set to1 and the Rayleigh distribution for each user is
parameterized such asE(α2) = 1. The required(Eb/Ne)t is
set to 3 dB. In figures (3) and (4), we displayr and the average
transmittedEb versus the gaussian noise power for the above
given Rayleigh distribution. Each data packet contains4000
bits that are send over several frames, depending on the the
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Fig. 3. Average information rate versus Gaussian Noise power
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Fig. 4. Average received bit energy versus Gaussian Noise power

spreading factor (between 8 and 512). Results are given for
Nu = 5 andNu = 8 users.

Figure 3 shows that when the number of users increases,
the minimum rate decreases, as expected, as it is directly
connected to the multiuser interference term. The curves can
be separated into three regions: the two boundaries regions
and a linear one for medium gaussian noise power. The
boundaries behaviors are due to the finite set of available
spreading factors for the transmission. For the low noise
power region (right end of the figure), the information rate
is bounded byrmin = R/Sf max, whereSf max is the highest
spreading factor available. The saturation is also due to the
inability of the system to provide lower information rates than
rmin. The high noise power region is bounded byrmax =

R/Sf min, hereSf min is the lowest spreading factor available.
Typically, Sf min is the lowest spreading factor that satisfies
Nu/Sf min ≤ 1. In our example,Sf min = 8. Figure 4 shows
the results for the average received bit-energyEb. The same
3 regions can differentiated. We notice that the linear region
is about the same for the two cases. The interpretations at
the boundaries are the same. For low noise powers,Eb is
bounded byEb max for a constant information rate given by
rmin = R/Sf max. For high noise powers, it is bounded by
Eb min for a constant information ratermax = R/Sf min.

Finally, in figure 5, we display the CBER versus the average
receivedEb/N0 for Nu = 8 to illustrate the performance of
the proposed link adaptation. We observe two regions. For
Eb/N0 greater than a threshold (between 3 and 5 dB), the
CBER is set to a fixed value, as desired. We notice that the
threshold inEb/N0 corresponds to the target(Eb/Ne)t.
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V. CONCLUSION

In this paper, we consider the optimization of the trans-
mitter resources in a time-varying fading environment while
guaranteeing a targetQoS (CBER) and a connection to any
user through the network. We proposed a new link adaptation
strategy based on the maximization of the minimum user
information rate under the constraint of a required bit energy-
to-equivalent noise ratio based on a mean bit error rate for
erroneous frames criterion. This is performed through dynamic
spreading gain and power control and an easy computational
solution to this problem is provided. Through simulations,
we analyze the influence of finite spreading factor set on the
performance of the link adaptation.

Future works are related to the determination of theoretical
bounds to predict asymptotic behaviors and the study of a
possible extension of this method to systems with different
QoS classes.
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APPENDIX

When

Pkα2
k = Pmaxα

2
1 , ∀k (13)

,

rk = C
Pmaxα

2
1

N0 + β(Nu − 1)Pmaxα2
1

= r0 ∀k (14)

whereC = (Eb/Ne)
−1
t is the inverse of the desiredEb/Ne.

Thereforermax−min satisfying (8) verifies

rmax−min ≥ r0 (15)

We want to prove thatrmax−min is equal tor0. We will
use areductio ad absurdum. We assume thatrmax−min > r0,
therefore all users satisfyrk > r0, otherwise there exists one
user so thatrk ≤ r0. ∀k 6= 1, let λk be defined as

Pkα2
k =

Pmaxα
2
1

λk

Considering (7), we can also rewrite for allk′ 6= 1

rk′ =
CPmaxα

2
1/λk′

N0 + βPmaxα2
1

∑

k=1,k′ 1/λk + βP1α2
1

(16)

Let us focus on the sub-system composed by theNu − 1
inequalities defined such thatrk′ > r0, this is equivalent to

CPmaxα
2
1/λk′

N0 + βPmaxα2
1

∑

k=1,k′ 1/λk + βP1α2
1

>
CPmaxα

2
1

N0 + β(Nu − 1)Pmaxα2
1

N0(1 − λk′) + βPmaxα
2
1((Nu − 1) −

∑

k 6=k′,1

λk′

λk

) > βλk′P1α
2
1

(17)

As for each inequality, the second member is strictly
positive, we have also a second sub-system withNu − 1
inequalities by considering the first member strictly positive.
We are looking for a solution set{λ2, · · · , λNu

} for these
inequalities. If a solution set doesn’t exist,∃i0, ri0 ≤ r0 and
so rmax−min ≤ r0. As rmax−min ≥ r0, this implies that
rmax−min = r0.

If there exists a solution set to this sub-system, leti0 be the
user index such that, for all userk 6= 1, k 6= i0, λi0 ≥ λk.
We can consider the following two cases :(1)λi0 < 1 and
(2)λi0 ≥ 1. For case(1), ∀k 6= 1, λk < 1. Thus,

r1 <
CP1α

2
1

N0 + β(Nu − 1)Pmaxα2
1

≤ r0 (18)

sinceP1 ≤ Pmax. This is in contradiction with the hypothesis
that for allk, rk > r0. For case(2), considering the inequality
associated with rateri0 , we have

N0(1− λi0) + βPmaxα
2
1((Nu − 1)−

∑

k 6=i0,1

λi0

λk

) > βλi0P1α
2
1

(19)
As λi0 ≥ λk,

N0(1 − λi0) + βPmaxα
2
1 > βλi0P1α

2
1 (20)

⇒ Pmaxα
2
1 > λi0P1α

2
1 (21)

Finally, we haveP1 < Pmax/λi0 , which gives us

r1 =
CP1α

2
1

N0 + βPmaxα2
1

∑

k 6=1 1/λk

<
CPmaxα

2
1/λi0

N0 + β(Nu − 1)Pmaxα2
1/λi0

≤ r0 (22)

which is in contradiction with the hypothesis that for allk,
rk > r0.

Finally, we can conclude thatrmax−min = r0.

REFERENCES

[1] 3GPP TS 25.211,”Physical channels and mapping of transport channels
onto physical channels (FDD)”.

[2] 3GPP TS 25.212,”Multiplexing and channel coding (FDD)”.
[3] G.Caire, E. Viterbo, ”Upper Bound on the frame error probability of

terminated trellis codes”,IEEE Communications Letters, Vol. 2, No. 1,
Januar 1998.

[4] S. Catreux, V. Erceg, D. Gesbert, R.W. Heath Jr., “Adaptive modulation
and MIMO coding for broadband wireless data networks”,IEEE Com-
munications Magazine, Vol COM-40, N. 6, pp. 108–115, June 2002.

[5] D.J. Costello Jr.,O.Y. Takeshita,”On the Packet Error Rate of Convolu-
tionnal Codes”, ITW, Greece, June 1999.

[6] S.A. Jafar, A. Goldsmith, ”Adaptative multirate CDMA for uplink
troughput maximisation”,IEEE trans. on Wireless Communications,
Vol. 2, No. 2, pp. 218–228, march 2003.

[7] S.-J. Oh, T.L. Olsen, K.M. Wasserman, ”Distributed PowerControl and
Spreading Gain Allocation in CDMA Data Networks”,IEEE Infocom,
pp. 379–385, 2000.

[8] T. Ottosson, A. Svensson, ”Multi-Rate Performance in DS-CDMA
Systems”,Technical Report no. 14, ISSN 0283-1260, March 1995.

[9] M.B. Pursley, “Performance Evaluation for Phase-Coded Spread-
Spectrum Multiple-Access Communication - Part I : System Analysis”,
IEEE Trans On Communications, Vol COM-25, NO. 8, pp. 795–799,
August 1977.

[10] A. Sampat, P.S. Kumar, J.M. Holtzman, ” Power control and
resource management for a multimedia CDMA wirles system”,
Proc. PIMRC,PP. 21–25, 1995.

[11] A.J. Viterbi, J.K. Omura, ”Principles of Digital Communication and
Coding”, McGraw-Hill, 1979.


