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ABSTRACT

The design trade-o�s of burst-by-burst adaptive Or-
thogonal Frequency Division Multiplex (OFDM) wide-
band speech transceivers are analysed. A constant
throughput adaptive OFDM transceiver was designed
and benchmarked against a time-variant rate scheme.
The proposed joint adaptation of source- and channel-
coder as well as modulation regime results in attrac-
tive, robust, high-quality audio systems.

1. INTRODUCTION

In this contribution we introduce a duplex high quality, 7-
KHz bandwidth audio communications system, which will be
used to highlight the system design aspects of burst-by-burst
adaptative modulation, channel coding and source coding.

Burst-by-burst adaptive transceivers have recently gener-
ated substantial research interests in the wireless communica-
tions community [1]-[4]. The transceiver recon�gures itself on
a burst-by-burst basis, depending on the instantaneous per-
ceived wireless channel capacity. More explicitly, the associ-
ated channel quality of the next transmission burst is esti-
mated and the speci�c modulation mode, which is expected
to achieve the required performance target is then selected for
the transmission of the current burst. In other words, mod-
ulation schemes of di�erent robustness and of di�erent data
throughput are invoked. For data transmission systems, which
do not necessarily require low transmission delays, variable{
throughput adaptive schemes can be devised, which oper-
ate eÆciently in conjunction with powerful error correction
codecs, such as long block length turbo codes. By contrast,
�xed rate burst-by-burst adaptive systems, which sacri�ce a
guaranteed BER performance for the sake of maintaining a
�xed data throughput, are more amenable to employment in-
teractive speech and video communications systems.

In this paper, we propose a hybrid adaptive transceiver
scheme, based on a multi{mode constant throughput algo-
rithm, constituted by two adaptation loops, namely an in-
ner constant throughput transmission regime, and an outer
switching control regime, which jointly maintain the target
bit rate of the system, while employing a set of distinct oper-
ating modes.
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Figure 1: Schematic model of the multi{mode adaptive
OFDM system

2. SYSTEM OVERVIEW

The structure of the proposed adaptive Orthogonal Frequency
Division Multiplex (OFDM) transceiver is depicted in Fig-
ure 1. The transmitter chain is portrayed at the top of the
diagram, which consists of the source- and channel encoders,
the channel interleaver, the adaptive modulator, a multiplexer
adding signalling information to the transmitted data, and an
Inverse Fast Fourier Transform (IFFT) based OFDM trans-
mitter.

The receiver seen at the bottom of the graph consists of an
FFT-based demodulator and Radio-frequency (RF) receiver,
a demultiplexer (DEMUX) extracting the signalling informa-
tion, an adaptive demodulator, a de{interleaver/channel de-
coder, and the source decoder. The parameter adaptation
linking the receiver- and transmitter chain consists of a chan-
nel quality estimator and the mode selection- as well as the
modulation adaptation blocks.

The open{loop control structure of the adaptation algo-
rithms can be observed in the �gure, where the receiver's oper-
ation is controlled by the modem mode signalling information
that is contained in or part of the received OFDM symbol,
while the channel quality information estimated by the re-
ceiver is employed, in order to determine the modem mode
parameter set to be employed by the transmitter. The two
distinct adaptation loops distinguished by dotted and dashed
lines are the inner and outer adaptation regimes, respectively.
The outer adaptation loop controls the overall throughput of
the system, so that a �xed{delay decoding of the received
data packets becomes possible. This controls the packet size
of the channel codec, the block length of the channel encoder
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and interleaver, as well as the target throughput of the inner
adaptation loop. The operation of the adaptive modulator,
controlled by the inner loop, is transparent to the rest of the
system. The operation of the adaptation loops is described in
more detail below.

2.1. System Parameters

The transmission parameters have been adopted from the TDD{
mode of the Pan-European UMTS system [5], having a carrier
frequency of 1.9GHz and a TDD-frame and time slot duration
of 4.615ms and 122�s, respectively. The sampling rate is as-
sumed to be 3.78MHz, leading to a 1024{subcarrier OFDM
symbol, having a cyclic extension of 64 samples in each time
slot. In order to assist in the spectral shaping of the OFDM
signal, there are a total of 206 virtual subcarriers at the band-
width boundaries.

The 7-kHz bandwidth PictureTel audio codec has been
chosen for this system because of its good audio quality, ro-
bustness to packet dropping and adjustable bit rate, which
will be discussed in more depth below.

The channel encoder / interleaver combination is a con-
volutional constituent coding based turbo encoder [6] employ-
ing block interleavers with a subsequent pseudo{random chan-
nel interleaver. The constituent recursive systematic convolu-
tional (RSC) encoders are of constraint length 3, with octal
generator polynomials of (7; 5) and eight iterations are per-
formed at the decoder, utilising the so-called Maximum Apos-
teriory (MAP) algorithm and the log-likelihood ratio soft in-
puts provided by the demodulator.

The channel model consists of a four path COST 207 Typ-
ical Urban impulse response [7], where each impulse is sub-
jected to independent Rayleigh fading having a normalised
Doppler frequency of 2:25 � 10�6, corresponding to a pedes-
trian scenario with a walking speed of 3mph.

3. CONSTANT THROUGHPUT ADAPTIVE

MODULATION

The constant throughput adaptive algorithm attempts to al-
locate the required number of bits for transmission to the spe-
ci�c OFDM subcarriers exhibiting a low BER, while the use
of high BER subcarriers is minimised. Sub{band adaptive
modulation [8], where the modulation scheme is adapted not
on a subcarrier{by{subcarrier basis, but for blocks of adjacent
subcarriers, is employed in order to simplify the signalling re-
quirements.

If the impulse response of the channel h(t; �) varies slowly
compared to the OFDM symbol duration, then the Fourier
transform of the impulse response during the OFDM symbol
exists, and the data symbols transmitted in the subcarriers
n 2 [0; : : : ; N ] are exposed to the frequency{domain fading
determined by the instantaneous channel transfer function of
H(t; n � �f) = Hn. The allocation of bits to subcarriers is
based on the estimated frequency domain channel transfer
function Ĥn. On the basis of this and the overall signal{to{
noise ratio (SNR) , the local SNR in each subcarrier n can
be calculated:

n = =
��Ĥn

��2 :

The predicted BER pe(n;m) in each subcarrier n and using
each of the possible modulation schemes m 2 [0; : : : ;M ] can
now be computed and summed over the Nj sub{carriers in
sub{band j, in order to yield the expected number of bit errors

for each sub{band and for each modulation scheme:

e(j;m) =
X

i

pe(i;m)

for all subcarrier indices i in sub{band j. In our case, four
modulation schemes are employed for m = 0; : : : ; 3, which are
\no transmission", BPSK, QPSK and 16-QAM, respectively.
Clearly, e(j; 0) = 0, and the other bit error probabilities can
be evaluated using the Gaussian Q-function [9]. The number
of bits transmitted in sub{band j, when using modulation
scheme m is denoted by b(j;m).

The bit allocation regime operates iteratively, allocating
bits to subcarriers by choosing the speci�c subcarriers for
transmitting the next bit to be assigned for transmission,
which increases the system's BER by the smallest amount.
In other words, the bits to be transmitted are allocated con-
secutively, commencing by assigning bits to the highest chan-
nel quality subcarriers, gradually involving the lower channel
quality carriers.

More explicitly, for each sub{band a state variable sj is
initialised to 0, and then the subband index j, for which the
di�erential BER increment (esj+1 � esj )=(bsj+1 � bsj ) due to
assigning the next bit to be transmitted is the lowest is found.
The state variable sj is incremented from 0, if it is not yet set
to the index of the highest order modulation mode, ie 16QAM.
This search for the lowest BER 'cost' or BER penalty, when
allocating additional bits is repeated, until the total number
of bits allocated to the current OFDM symbol is equal to
or higher than the target number of bits to be transmitted.
Clearly, the higher the target number of bits to be transmit-
ted by each OFDM symbol, the higher the BER, since grad-
ually lower and lower channel quality subcarriers have to be
involved.

The transmitter modulates the data bits using the spe-
ci�c modulation schemes indexed by the state variables sj ,
eventually padding the data with dummy bits, in order to
maintain the required constant data throughput. The speci�c
modulation schemes chosen for the di�erent sub{bands have
to be explicitly signalled to the receiver for accurate demod-
ulation. Alternatively, blind subband modem mode detection
algorithms can be employed at the receiver [2]. For the scope
of this paper, we assume 32 sub{bands of 32 subcarriers in
each 1024-subcarrier OFDM symbol. Perfect channel estima-
tion and subband modem mode signalling were assumed.

3.1. Performance

Figure 2 shows an example of the �xed throughput adaptive
OFDM modulation scheme's performance under the channel
conditions characterised above, for a block length of 578 coded
bits per OFDM symbol. As a comparison, a �xed BPSK mo-
dem transmitting the same number of bits in the same chan-
nel, employing 578 out of 1024 subcarriers, is depicted. The
number of bits per OFDM symbol is based on a 200-bit use-
ful data throughput, which corresponds to a 10 kbps useful
data rate, padded with 89 bits, which can contain a check{
sum for error detection and high{level signalling information.
Furthermore, half{rate channel coding was used.

The BER plotted in the �gure is the hard decision based
bit error rate at the receiver before channel decoding. It can
be seen that the adaptive modulation yields a signi�cantly im-
proved performance, which is reected also in the associated
Frame Error Rate (FER). This FER was de�ned as the prob-
ability of a decoded block containing errors, in which case it is
unusable for the audio source decoder and hence it is dropped.
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Figure 2: BER and FER for the �xed throughput adaptive
(NoTX, BPSK, 4QAM and 16QAM) scheme and for the �xed-
mode BPSK scheme in fading time dispersive channel for a
block length of 578 coded bits.

This error event can be detected by using the check{sum in
the data symbol.

4. MULTI{MODE ADAPTATION

While the �xed throughput adaptive algorithm described above
copes well with the frequency{domain fading of the channel,
there is also a medium-term time-domain variation of the over-
all channel capacity. Hence - in addition to the previously
proposed �xed-rate frequency-domain bitallocation scheme -
in this section we propose the employment of a time-variant bi-
trate scheme, in order to gauge its additional performance po-
tential benchmarked against the �xed-rate schemes. We will
then also contrive appropriate matching audio transceivers at
a later stage. However, our experience demonstrated that it
was an arduous task to employ powerful block{based turbo
channel coding schemes in conjunction with variable through-
put adaptive schemes for real{time applications, such as voice
or video telephony. Nonetheless, a multi{mode adaptive sys-
tem can be designed that allows us to switch between a set of
di�erent source{ and channel coders as well as transmission
parameters, depending on the overall instantaneous channel
quality. We have investigated the employment of the esti-
mated overall BER at the output of the receiver averaged
over an OFDM symbol, which is the sum of all the e(j; sj)
subband BER contributions after adaptation. On the basis of
this expected input BER of the channel decoder, the proba-
bility of a frame error (FE) must be estimated, and compared
with the expected FER of the other modem modes. Then,
the mode having the lowest FER is selected and the source
coder, the channel coder and the adaptive modem are set up
accordingly. At this stage we note that it is not always the
most robust modem mode that results in the lowest FEC-
coded FER, since upon transmitting more bits per OFDM
symbol the turbo channel codec becomes more powerful due
to its longer channel interleaver.

We have de�ned four di�erent operating modes, which cor-
respond to the uncoded audio data rates of 10, 16, 24, and
32 kbps at the source encoder's output. With half{rate chan-
nel coding and allowing for check{sum and signalling over-
heads, the number of transmitted coded bits per OFDM sym-
bol is 578, 722, 1058, and 1458 for the four source-coded
modes, respectively.

4.1. Mode switching
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Figure 3: Frame error rate versus the predicted uncoded BER
for 10kbps, 16kbps, 24kbps and 32kbps modes.

Figure 3 shows the observed FER for all four modes ver-
sus the uncoded BER that was predicted at the transmitter.
The predicted BER was discretised into intervals of 1%, and
the FER was averaged over these intervals. It can be seen
that for estimated BER values below 5% no frame errors were
observed - irrespective of the source-coded operational modes.
Observe in the �gure that at higher estimated BER values the
higher bitrate modes - such as 24 and 32 kbps - exhibited a
lower FER than the lower bitrate modes, which was due to
the turbo codec's improved performance in conjunction with
longer interleaving block lengths. For example, a FER of 1%
was observed for a 7% predicted input error rate for the 10kbps
mode, while 8% to 9% predicted uncoded BERs were tolerable
for maintaining the same FER in conjunction with the longer
interleved blocks associated with the 24 and 32 kbps audio
modes.

In this contribution we assumed the best{case scenario
of invoking the experimentally determined FER statistics of
Figure 3 for the mode switching algorithm. In this case, the
FERs corresponding to the predicted overall BER values for
the di�erent modes were compared, and the mode exhibiting
the lowest FER was chosen for transmission.

5. THE PICTURETEL CODEC

The PictureTel Transform Coder (PTC) is one of the candi-
dates for the new ITU-T wideband audio coding standard.
It is based on the so-called Modulated Lapped Transform
(MLT)[11], followed by a quantisation stage using a perceptu-
ally motivated psychoacoustic quantisation model and Hu�-
man coding for encoding the frequency domain coeÆcients.

At its input the PTC expects frames of 320 Pulse Code
Modulated (PCM) audio samples, obtained by sampling an
audio signal at a frequency of 16 kHz with a quantiser resolu-
tion of 14, 15 or 16 bit. Furthermore, the input samples are
assumed only to contain frequency components up to 7 kHz.
The PictureTel standard proposal recommends operating the
codec at output bitrates of 16 kbps, 24 kbps or 32 kbps, gen-
erating output frame lengths of 320, 480 or 640 bits per 20ms,
respectively, for which the codec was optimized. The delay en-
countered by an audio frame, when passing through the codec
(consisting of encoder and decoder) can be estimated to be
on the order of about 60 ms, which is a result of the time

3



ISBN 968-36-7763-0 / 22-25 May 2000 © ICT 2000

domain frame overlapping technique and the computational
delay inherent in the codec.

Since the PTC employs Hu�man coding for encoding the
frequency domain MLT coeÆcients, the decoding is very sen-
sitive to bit errors. Hence a single bit error can render the
whole audio frame undecodable. The PTC's standard reac-
tion to such a frame error is simply to repeat the previous
frame of coeÆcients, with the result that such error events
are nearly imperceivable by the user, as long as they occur
relatively rarely. For bursts of frame errors the output signal
is gradually muted after decoding the �rst erroneous frame,
which is distinctively audible due to the relatively large frame
size of 20 ms.

6. SIMULATION RESULTS

Our discussions related to the associated design tradeo�s and
the impact of an automatic bit rate selection scheme on the
audio quality of the system will be mainly based on measure-
ments performed around channel SNR values of 5 dB, since for
very low SNRs of around 0 dB the frame dropping rate or FER
is excessive, yielding an unacceptable audio quality. By con-
trast, for high channel SNRs around 10 dB the FER is too low
for enabling us to illustrate the tradeo�s between the audio
quality and FER e�ectively. A tentative estimate of the av-
erage quality of the reconstructed audio signal is provided by
audio segmental SNR calculations, which provide an approxi-
mate measure of the subjectively perceived audio quality [12],
especially in the presence of frame dropping in conjunction
with perceptual masking based transform assisted audio cod-
ing.

6.1. Frame Error Results

The basic tradeo� between the system's throughput and audio
frame dropping-rate is illustrated for the 5 dB channel SNR
scenario with the aid of our four �xed bit rate modes in Ta-
ble 1. The �rst column reects for each bit rate the associated
frame dropping rate or FER that we will encounter.

As expected, by increasing the throughput, the frame drop-
ping rate will also increase, since a high proportion of reduced-
quality subcarriers has to be used for conveying the increased
number of audio bits, although the performance of the turbo
channel codec improves. Experiments have shown that a frame
dropping rate or FER of around 5% in conjunction with the
16 kbps �xed bit rate mode is still suÆciently low, in order
to provide a perceptually acceptable audio quality. In the
second to fourth column of Table 1, the relative frequency of
encountering error-free audio frames for the di�erent audio bit
rates is portrayed. Observe furthermore in the table that the
same performance �gures were also summarised for two di�er-
ent transmission schemes denoted by Switch I and Switch II.
These schemes invoked a system philosophy allowing the bi-
trate to become time-variant and controlling the audio source
codec and channel codec on a time-variant basis, in order to
take this time-variant behaviour into account, as it will be
highlighted below.

Speci�cally, both of our experimental switching regimes,
namely Switch I and Switch II employed the switching algo-
rithm described in Section 4.1, with the only di�erence that
Switch I incorporated in addition to the three standard bit
rates of 16, 24 and 32 kbps - which were proposed by the
PictureTel company - a 10 kbps mode, with the intention
of lowering the frame dropping rate further due to the more
modest 'loading' of the OFDM symbols. For these switching
schemes the 5 dB SNR related results in Table 1 underline that

for example in comparison to the 16 kbps mode the system
throughput was very much improved, conveying most of the
audio frames in the 24 and 32 kbps mode, rather than in the
16 kbps mode, while maintaining the same frame dropping
rate of 5.58 %. Although exhibiting a slightly lower frame
dropping rate, the Switch I scheme was shown to produce an
audio quality inferior to that of the Switch II scheme. This
was due to the employment of the 10 kbps bit rate mode in
the Switch I scheme, which produced a relatively low subjec-
tive audio quality. In this context it is interesting to see that
although the Switch I scheme assigns about 22% percent of all
frames to the 10 kbps mode, the frame dropping rate was in-
creased only by about 1:1 %, when disabling this mode in the
Switch II scheme. This is an indication of the conservative de-
cision regime of our bit rate selector. The relative frequency of
invoking the di�erent bit rates in conjunction with the Switch
II scheme has been evaluated additionally for channel SNRs of
0 dB and 10 dB, which characterises the operation of the bit
rate selector once again. The associated results are presented
in Table 2.

6.2. Audio Segmental SNR Performance

In addition to our previous results Figure 4 displays the cumu-
lative density function (CDF) of the segmental SNR (SEGSNR)
obtained from the reconstructed signal of an audio test sound
at the output of the PTC decoder for the schemes described
above at a channel SNR of 5 dB. The step-function like CDF
increase at a SEGSNR of 0 dB is equal to the frame dropping
rate of the corresponding scheme, given in Table 2. As ex-
pected, the �xed mode 32 kbps scheme performs best, when
neglecting frame drops, since the slope of the CDF or the
corresponding PDF exhibits the lowest values of all schemes
at low SEGSNRs and the highest values at high SEGSNRs.
The �xed 32 kbps scheme exhibits a similar performance to
the �xed 24 kbps scheme, while the �xed 10 kbps scheme ex-
hibits the lowest performance. This is, why this scheme was
excluded in the Switch II arrangement. However, FERs in ex-
cess of 10% can result in distinctively audible artifacts, which
virtually renders the �xed 24 kbps and 32 kbps modes un-
acceptable. Hence, our proposed switching scheme, which is

based on the 16, 24 and 32 kbps standard bit rates, achieves

at medium SNRs the best compromise between average audio

quality and frame dropping rate, which has been veri�ed by our

listening tests.

7. FURTHER WORK

As outlined in Section 4.1, the mode switching algorithm oper-
ates on the basis of statistically evaluated experimental results
for the prediction of the FER. A robust, channel-independent
switching regime on the basis of the turbo coder's channel
quality perceptions can overcome this dependence. Further-
more, a target{FER driven switching scheme instead of the
minimal{FER algorithm employed for this series of experi-
ments will be investigated in future.
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