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ABSTRACT

We consider the problem of transmission errors in the well known
adaptive differential pulse code modulation (ADPCM) system. A
single transmission error destabilizes the reconstruction process
at the decoder side in the ADPCM coding scheme if a non-leaky
algorithm is used. We propose a delay-free and fixed rate of
3 bit/sample audio source coding scheme based on a robust pre-
diction. The prediction of the backward ADPCM coding scheme
is attained as a FIR filter in lattice structure. The prediction filter
is derived as a reconstructed-signal-driven (RSD) or a prediction-
error-driven (PED) lattice filter. A technique for an error robust
RSD prediction is presented. This technique is employed in a
robust audio coding scheme without use of any additional over-
head. The proposed modified RSD-ADPCM is compared to the
PED-ADPCM coding scheme by means of the objective audio
quality. The proposed system yields good objective audio quality
in the noise-free channels and provides robustness in the presence
of transmission errors.

1. INTRODUCTION

Real-time bidirectional digital communication of a performer with
a wireless microphone and a wireless headphone as a monitor re-
quires minimal latency and good audio quality for restricted chan-
nel capacity. Furthermore, robustness against channel transmis-
sion errors must be guaranteed, if such a wireless application is
applied. A typical scenario where the minimal latency require-
ment applies, is the music stage. A vocalist may lose the beat
if his voice that comes from the monitors is delayed. In the same
manner a musician is unable to keep the rhythm if his performance
is delayed.

Well known audio coding schemes such as MPEG-Layer 3
(MP3) and MPEG-4 (AAC) provide a nearly transparent audio
quality and high signal compression. These coding schemes are
based on block-transformation from time to frequency domain.
Such audio coding schemes which use large transformation blocks
introduce large algorithmic latency. Therefore, the latency of the
MP3 coding scheme can exceed 100 ms [1]. As a consequence, a
coding scheme with a long block processing is not suitable for a
live audio application. The algorithmic latency of such an appli-
cation should be less than 5 ms [2]. Further developments of the
AAC coding scheme allow to reduce the algorithmic latency down
to 15 ms [3].

Audio coding approaches, discussed in [4, 5, 6], concentrate
on audio coding without any algorithmic latency and good audio
quality, if an error-free transmission channel is used. These audio
source coding schemes are based on ADPCM [7, 8]. The goal of
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Figure 1: Structure of the base ADPCM coding scheme.

such an audio coding scheme is the digital real-time wireless au-
dio application. However, transmission errors occur in a wireless
application. For this reason, we examine the effect of transmission
channel errors to the base ADPCM in this work. Especially, we
discuss the predictor, the main part of ADPCM system. The pre-
diction is calculated by using a prediction filter in lattice structure
[9]. In this work we concentrate on two classes of lattice prediction
filters [10] used in the ADPCM coding schemes: reconstructed-
signal-driven (RSD) and prediction-error-driven (PED). Further-
more, we provide a robust RSD-predictor for transmission error
robust ADPCM coding. Therefore, the aim of this work is to find
a robust lattice prediction filter, which is suitable for a delay-free
ADPCM audio coding scheme, if an error-free or noisy transmis-
sion channel is used. Besides that, the robust audio coding scheme
has to guarantee good audio quality for a desired bandwidth.

2. THE BASE ADPCM CODEC

The central issue of a well-known ADPCM coding scheme is
the decorrelation of the input signal. The base ADPCM coding
scheme depicted in Fig. 1 corresponds to the base codecs from
[5, 7, 8]. Two main methods, prediction filter and adaptive quan-
tizer, are employed by the ADPCM for audio signal encoding and
decoding. The prediction x̂(n) at the encoder and at the decoder
is generated from previous prediction filter inputs. The prediction
filter operates in feed-back manner, consequently, it is not neces-
sary to transmit any side information. The current prediction x̂(n)
is subtracted from current input x(n). As a result, the prediction
error e(n) = x(n) − x̂(n) is quantized by a backward adaptive
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ẽ(n)

v(n)

(a) Adaptive quantization

q(n)
Q−1(·) +
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Figure 2: Structure of the backward adaptive quantizer.

quantizer to yield the desired bit rate. The backward adaptive
quantizer depicted in Fig. 2 is similar to the approaches presented
in [6, 11]. The prediction error e(n) is normalized at the encoder
by its estimated envelope v(n) and then quantized by a quantiza-
tion operation Q(·) to q(n) = Q

( e(n)
v(n)

)
. The resulting quantized

normalized prediction error q(n) is transmitted to the decoder.
The reconstructed prediction error ẽ(n) = Q−1

(
q(n)

)
· v(n)

is added up with the current prediction at the encoder and at the
decoder, where Q−1(·) denotes the dequantization operation. The
reconstruction of the original signal is done at the encoder by
x̃(n) = x̂(n) + ẽ(n) and at the decoder by y(n) = ŷ(n) + ẽ(n).
The reconstructed signal x̃(n) and y(n) is fed to the encoder and
decoder prediction filter, respectively.

The envelope or the scaling factor v(n) is estimated by calcu-
lating the instantaneous power v2(n) of the reconstructed predic-
tion error signal ẽ(n) as follows:

v2(n) =
(
1− λ

)
· v2β(n− 1) + λ · ẽ2(n− 1), (1)

λ =

{
λAT if v2(n− 1) < ẽ2(n− 1)
λRT otherwise with λAT > λRT .

The parameter λ controls how fast the estimate v2(n) follows the
signal. The attack-time parameter λAT is taken if the power of the
prediction error signal ẽ(n) increases, otherwise the release-time
parameter λRT is used.

To avoid division by zero during the signal power normaliza-
tion q(n) = Q

( e(n)
v(n)

)
, the estimated envelope v(n) is bounded to

0 < vmin ≤ v(n).
The backward adaptive quantizer envelope estimation robust-

ness against transmission errors is ensured in Eq. (1) by adding
the damping parameter β. Therefore, the impact of previously
calculated scaling factor v(n − 1) to the current estimate v(n) is
damped. The parameter β chosen from 0 < β < 1 guarantees that
the estimate at the decoder after certain time becomes the same as
at the encoder, if a channel transmission error occurs.

For instance, λAT = 0.85, λRT = 0.1, vmin = 2−10 and
β = 1− 2−9 are appropriate adaptive quantizer parameters to use
in the base ADPCM coding scheme.
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Figure 3: Prediction error filter in the lattice structure.

2.1. RSD-ADPCM

The prediction applied to the ADPCM coding scheme shown in
Fig. 1 is calculated by a FIR filter in lattice structure [12, 13]. The
block diagram of a pth-order prediction error filter in lattice struc-
ture is illustrated in Fig. 3. The forward fm(n) and backward
bm(n) prediction errors, where m = 0, . . . , p and p denotes pre-
diction order, are used to compute the desired prediction x̂(n).
The signals fm(n) and bm(n) at lattice stage m are recursively
obtained by

fm(n) = fm−1(n)− kmbm−1(n− 1) (2)
bm(n) = bm−1(n− 1)− kmfm−1(n). (3)

The filter output fp(n) = e(n) is the desired prediction error for
the filter input f0(n) = b0(n) = x̃(n). The desired prediction is
calculated by x̂(n) = x̃(n)− fp(n) or by

x̂(n) =

p∑
m=1

km(n)bm−1(n− 1). (4)

The gradient adaptive lattice (GAL) algorithm [14, 15] is ap-
plied to calculate lattice filter reflection coefficients km(n). GAL
method updates coefficients km(n) iteratively by

km(n+ 1) = km(n)+

µm(n) ·
(
fm(n)bm−1(n− 1) + bm(n)fm−1(n)

)
.

(5)

The gradient weights µm(n) [6, 16] are calculated for every lattice
stage by normalizing the base gradient weight µ̃ by the energy of
the previous lattice stage inputs which are the forward fm−1(n)
and backward bm−1(n−1) prediction errors. The gradient weights
µm(n) are given then by

µm(n) =
µ̃

σ2
m(n) + σ2

min

(6)

σ2
m(n) = (1− µ̃)σ2

m(n− 1)+

µ̃
(
f2
m−1(n) + b2m−1(n− 1)

)
,

(7)

where σ2
min is a small constant to avoid division by zero.

The important property of the lattice filter structure is the min-
imum phase property, so that the filter stability can be guaranteed
by limiting the filter coefficients to |km(n)| < 1.

The input to the lattice predictor is the reconstructed signal
x̃(n) and the filter coefficient adaptation is also employed by x̃(n).
Therefore, such a filter is entitled in this paper as reconstructed-
signal-driven (RSD) lattice filter. The exploitation of RSD lat-
tice filter in the base ADPCM coding scheme is named as RSD-
ADPCM.
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Figure 4: The word “animal” from the SQAM track 49 as the sig-
nal input and the corresponding prediction error signals with the
power spectra, using different prediction filter adaptation algo-
rithms.

As shown in Fig. 4b, the RSD-ADPCM system exhibits high
correlation reduction in the middle part of signal compared to the
original signal in Fig. 4a. The high signal correlation reduction
of a stationary signal as the input to the RSD-ADPCM encoder is
achieved by the jointly action of the RSD lattice filter and the back-
ward adaptive quantizer. A good prediction to a current encoder
input is produced by the RSD lattice filter, which employs the iter-
ative reflection coefficient adaptation from the reconstructed sig-
nal. Due to the signal correlation reduction, a smaller word length
may be used to transmit a small powered prediction error com-
pared to a high powered original signal. Therefore, the bit rate of
the RSD-ADPCM may be reduced by using the adaptive quantizer
to the desired rate of 3 bit/sample. As shown in Section 3, a good
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Figure 5: Structure of the PED-ADPCM encoder.

audio quality is guaranteed, if an error-free channel is used.
The encoder and the decoder of the RSD-ADPCM system op-

erate with identical coefficients, if no transmission errors occur. A
transmission error on the prediction error signal ẽ(n) affects the
prediction calculation in the RSD lattice filter at the decoder side
ŷ(n). Consequently, the decoder produces an erroneous output.
As the erroneous reconstructed signal is fed to the decoder RSD
lattice predictor, the GAL algorithm calculates erroneous reflec-
tion coefficients. Thus, the decoder predictor operates with dif-
ferent values than the encoder predictor. The erroneous predic-
tion calculation at the decoder starts to propagate in the successive
reconstructed signal samples. All reconstructed samples are er-
roneous after a single channel error occurs. The problem of the
deviated values of the decoder predictor from the encoder predic-
tor is referred to as mistracking. The mistracking of the decoder
predictor from the encoder predictor is produced essentially by the
iterative coefficient adaptation of the RSD lattice filter. To avoid
the mistracking of the decoder from the encoder after a transmis-
sion error occurs, either a certain channel coding with error detec-
tion and correction, or a transmission of the encoder filter states to
the decoder, or a change of the filter adaptation algorithm is nec-
essary. The first two mentioned methods lead to an overhead in
the bit rate and possibly to an algorithmic delay. Thus, a GAL al-
gorithm modification is considered. If a leakage factor α < 1 is
added to the reflection coefficient update method in Eq. (5), then
the reflection coefficients are iteratively calculated at the encoder
and decoder by

km(n+ 1) = α · km(n)+

µm(n) ·
(
fm(n)bm−1(n− 1) + bm(n)fm−1(n)

)
.

(8)

Therefore, decoder lattice filter values converge in long term to the
encoder values, if a transmission error occurs. The leakage on the
reflection coefficients km(n) affects the increase in the prediction
error power. This power increase is clearly seen in the waveform
Fig. 4c and in the power spectra in Fig. 4d, if α = 0.99. The
corresponding input signal is shown in Fig. 4a. Consequently, a
small word length per sample can not ensure good audio quality, if
a leaky GAL in the base RSD-ADPCM is used.

2.2. PED-ADPCM

The authors in [10] examine the mistracking problem at the de-
coder of the lattice prediction filter and propose a new class of
prediction-error-driven (PED) lattice filter. The structure of the
PED-ADPCM encoder is depicted in Fig. 5. The PED method
is based on the following heuristic approach. The employment
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of non-optimal reflection coefficients for the prediction error cal-
culation affects the prediction error ẽ(n). Thus, the signal ẽ(n)
power increases and ẽ(n) is correlated with the reconstructed sig-
nal x̃(n). Moreover, the reflection coefficients of two correlated
signals are also correlated. Therefore, the reflection coefficients,
which are calculated in the first lattice filter (PED lattice predictor
block in Fig. 5) driven by the prediction error signal ẽ(n), may be
used to drive the second lattice predictor. The input of the second
lattice prediction filter is the reconstructed signal x̃(n).

The decorrelation of the prediction error signal ẽ(n) in PED
lattice filter is done similarly according to Eq. (2) and (3) by

f̄m(n) = f̄m−1(n)− kmb̄m−1(n− 1) (9)

b̄m(n) = b̄m−1(n− 1)− kmf̄m−1(n), (10)

with the filter input f̄0(n) = b̄0(n) = ẽ(n). The adaptation of
the reflection coefficients is done as in Eq. (5), (6) and (7) using
signals calculated in Eq. (9) and (10). These residual signals are
not used for the calculation of the desired prediction error e(n).
The reflection coefficients km(n) from the PED lattice filter are
directly used for the calculation of the desired prediction x̂(n) in
the second lattice filter.

As depicted in Fig. 6b and 6d, the signal power reduction using
the PED-ADPCM encoder with the input signal shown in Fig. 6a
is evident. In comparison, as depicted in Fig. 4b, the prediction
error power of the same input signal coded by the RSD-ADPCM
encoder is smaller. Therefore, as will be presented in Section 3,
the PED-ADPCM system needs a higher word length to exhibit the
same audio quality compared to the RSD-ADPCM coding scheme,
if an error-free channel is employed.

The advantage concerning the error robustness of the PED-
ADPCM coding scheme is that the PED lattice filter adapts re-
flection coefficients from the residual signals calculated in lattice
stages. The first lattice stage input is the prediction error ẽ(n). If a
transmission channel causes an error on ẽ(n), then this error prop-
agates in the reconstructed signal, as shown in Fig. 7b, only for
a certain time period. This error propagation is limited, because
the signals f̄m(n) and b̄m(n) at the decoder side can converge to
the same values as at the encoder side, if no further transmission
errors appear. Therefore, the convergence of the reflection coef-
ficients km(n) at the decoder to the encoder values is also possi-
ble. Nevertheless, the same transmission error propagates endless
in the non-leaky RSD-ADPCM system, because the reconstructed
and corrupted signal x̃(n) is the input to the first lattice stage.

The PED-ADPCM coding scheme is robust against burst er-
rors. A corresponding coding error ecod(n) = x(n)−y(n) caused
by a burst error of 0.75 s duration is depicted in Fig. 8b. To ensure
robustness against burst errors, a reset of the lattice filter states is
done at the decoder side if the reconstructed signal y(n) � 1.
Additionally, the estimated scaling factor v(n) in Eq. (1) of the
adaptive quantizer is set to a fixed value vfix = 10−2. After re-
ceiving several erroneous prediction error indexes, the output of
the decoder is muted. As the decoder values start to converge to
the encoder values, the decoder output becomes available.

2.3. Proposed error robust RSD-ADPCM

A modification of the discussed RSD-ADPCM for employment in
noisy transmissions is presented. The proposed RSD lattice error
prediction filter is shown in Fig. 9. As described in Section 2.1,
the decay of the coding error is impossible due to the use of a re-
constructed signal in the signal coding. Hence, to prevent signal
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Figure 6: Input signal coded by different ADPCM coding schemes
and corresponding power spectra.

mistracking at the decoder side, two damping parameters are in-
troduced into RSD lattice filtering algorithm. The first damping
parameter α is used for leakage of the lattice states bm−1(n− 1).
Therefore, the forward and backward prediction error signals are
calculated by

fm(n) = fm−1(n)− km · αbm−1(n− 1) (11)
bm(n) = αbm−1(n− 1)− km · fm−1(n), (12)

where the damping parameter is set to α < 1.
As the reflection coefficients are highly vulnerable to the

transmission errors, the damped backward prediction error sig-
nal αbm−1(n − 1), which is the input to the GAL algorithm,
is additionally damped by a second parameter β. The damping
parameter is chosen to be β < α. The second damping parameter
is used to reduce the impact of the possible transmission error on
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Figure 7: Example of the most-significant bit error at 0.1 s. Orig-
inal input and corresponding coding errors ecod = x(n) − y(n),
if PED-ADPCM and proposed RSD-ADPCM are used.

the reflection coefficient adaptation algorithm. Consequently, the
update of the reflection coefficients km(n) is done similarly to the
Eq. (5) and is obtained by

km(n+ 1) = km(n)+

µm(n) ·
(
fm(n) · αβbm−1(n− 1) + bm(n) · fm−1(n)

)
.

(13)

The gradient weights µm(n) are calculated without changes as in
Eq. (6) and (7). Therefore, after the reflection coefficients are up-
dated, the prediction for the following input sample may be calcu-
lated similarly as in Eq. (4) by

x̂(n) =

p∑
m=1

km(n) · αbm−1(n). (14)

Although the use of damping factors for the lattice prediction cal-
culation affects the power of the desired prediction error, the in-
crease of the prediction error power is minor and the use of short
word length is possible. As shown in Fig. 6c and 6d, the proposed
RSD-ADPCM coding scheme guarantees high correlation reduc-
tion compared to the original signal. The comparison of the power
spectra examples coded with the non-error robust RSD-ADPCM
(Fig. 4d) and the proposed RSD-ADCM (Fig. 6d) shows similar
power. Thus, a similar audio quality is expected of both cod-
ing schemes at the same bit rates and in the error-free transmis-
sions. The parameters of the proposed RSD-ADPCM system in
the shown examples are chosen as in Table 1.
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0.25 s and ending at 1 s. Original input and corresponding coding
errors, if PED-ADPCM and proposed RSD-ADPCM are used.
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Figure 9: Channel error robust prediction error filter in the lattice
structure with signal outputs for GAL adaptation at every lattice
stage.

The proposed modification for the RSD-ADPCM coding
scheme with particular damping parameters ensures that the de-
coder may converge in long term to the same values as at the
encoder side, if the reconstructed signal y(n) is affected by a
transmission error. The Fig. 7c illustrates the coding error, if a
erroneous transmission channel is used. The decay of the error
d(n) = |ynoise-free(n) − ynoisy(n)| caused by a transmission er-
ror is considerably longer compared to the PED-ADPCM error,
see Fig. 7b. In general, the complete decay of error d(n) takes
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Table 1: Proposed RSD-lattice filter parameters.

Parameter Value
α 0.98

β 0.91

σ2
min 1.8220 · 10−10

µ̃ 1.3498 · 10−3

approximately 8 s, if the input is a sinusoidal signal and the cod-
ing parameters are set as in Table 1. The parameters are found
experimentally using different power sinusoidal signals. These
parameters guarantee that the error d(n) may decay in long term
to d(n) = 10−12. The error decay to d(n) = 10−4 is reached
after approximately 1.2 s and after next 6.5 s the error is smaller
than 10−12. In comparison, using PED-ADPCM coding scheme
the same transmission error decays after approximately 0.3 s and
0.8 s to d(n) = 10−4 and d(n) = 10−12, respectively. Never-
theless, as shown in Section 3, the perceptual audio quality of the
proposed RSD-ADPCM is significantly better compared to the
PED-ADPCM coding scheme at the same bit rates, if an error-free
channel is used. Additionally, the perceptual audio quality of the
proposed robust coding scheme is only slightly worse compared
to the non-robust RSD-ADPCM coding scheme.

As shown in Fig. 8c, the decay of the coding error is also pos-
sible if a burst error occurs. In general, the coding error decays
after a long burst error to d(n) = 10−4 and d(n) = 10−12 for the
sinusoidal input after approximately 3 s and 9 s, respectively. Us-
ing the same disturbed sinusoidal signal in the PED-ADCM coding
scheme the error d(n) decays to d(n) = 10−4 and d(n) = 10−12

after 0.3 s and 1 s, respectively.

3. EVALUATION RESULTS

The evaluation of ADPCM coding schemes using PED and RSD
lattice filters is considered. The perceptual audio quality is com-
pared between RSD-, PED- and proposed RSD-ADPCM coding
schemes, if error-free and erroneous transmission channel is used.
All tracks from SQAM CD [17] are used to evaluate the presented
audio coding schemes. The SQAM audio mono excerpts (start-
ing from 0.5 s and 10 s long) with sampling frequency 44.1 kHz
are coded using word length of 3 bit/sample and 4 bit/sample. All
coding schemes use prediction order of p = 32. The RSD- and
PED-ADPCM parameters are set to the values proposed in [6].
Additionally, the parameters of the proposed RSD-ADPCM cod-
ing scheme are set as in Table 1. The audio quality of the coded test
signals are compared to the reference signals based on the ITU-R
BS.1387-1 (PEAQ) method [18, 19]. The method classifies the
perceptual audio quality by objective difference grades (ODG) on
a scale from -4 (very annoying impairment) to 0 (imperceptible
impairment).

3.1. Audio quality

The mean perceptual audio quality over all SQAM tracks in this
paper discussed ADPCM coding schemes is depicted in Fig. 10.
To evaluate the perceptual audio quality, it is assumed that the
transmission channel is error free. This assumption is performed
to compare a non-robust RSD-ADPCM coding scheme with a ro-
bust (proposed RSD-ADPCM and PED-ADPCM) audio coding
schemes. The comparison in Fig. 10 shows that for both bit rates
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Figure 10: Mean perceptual audio quality by employing differ-
ent lattice prediction (RSD, propposed-RSD, PED) filters in the
ADPCM coding scheme.

the proposed RSD-ADPCM system exhibits similar audio qual-
ity by means of ODG compared to the non-robust RSD-ADPCM
coding scheme. In contrast, the PED-ADPCM coding scheme
with word length of 4 bit/sample underperforms significantly com-
pared to other coding schemes which use smaller bit rates. For
this reason, the PED-ADPCM coding scheme with a higher word
length is evaluated. Only at 5 bit/sample with the mean audio
quality of -0.7085 ODG and of -0.3174 ODG at 6 bit/sample the
PED-ADPCM coding scheme exhibits similar ODG as the RSD-
ADPCM coding schemes at 3 bit/sample and 4 bit/sample, respec-
tively.

3.2. Robustness

The robustness against transmission errors is compared between
PED- and the proposed RSD-ADPCM coding schemes. The
PEAQ method is used to compare robustness of each coding
scheme. This evaluation is done as follows. First, a signal decoded
by the corresponding coding scheme is used as the reference sig-
nal ynoise-free(n), where an error-free channel is used. Second, the
test signals ynoisy(n) are obtained by decoding with different bit
error rates (BER) disturbed signals. Finally, the reference signal
is compared to the disturbed test signals. Comparing error-free
ynoise-free(n) and noisy signals ynoisy(n) allows to evaluate the im-
pact of bit errors on signals at the corresponding BER. Therefore,
the influence of the quantization noise is ignored. The perceptual
audio quality of a track depends on which sample in the track a bit
error appears. Accordingly, all SQAM tracks at the corresponding
BER and different coding schemes are disturbed by the same bit
error pattern.

As discussed in Section 2, the transmission error decay using
PED-ADPCM coding scheme is faster compared to the pro-
posed RSD-ADPCM. Therefore, a higher ODG is expected, if
PED-ADPCM is used under noisy conditions. The robustness
comparison of the proposed RSD-ADPCM and PED-ADPCM
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Figure 11: Impairment evaluation of the decoded signals ynoisy(n)
at different BERs by employing robust ADPCM coding schemes.
The PEAQ algorithm compares the decoded noise-free signal
ynoise-free(n) with ynoisy(n).

coding schemes at different word lengths is depicted in Fig. 11.
As expected, the PED-ADPCM coding scheme exhibits better
audio quality for both word lengths and tested BERs. As shown in
Fig. 11a, the PED-ADPCM codec yields in the mean perceptible
but not annoying signal impairment up to BER = 10−4. The
same robustness of the proposed-ADPCM may be reached for
BER = 10−5. The impairment of the coded signals is classified
as annoying, if the proposed-ADPCM coding scheme and the bit
error pattern of BER = 10−4 is used. As denoted in Fig. 11b,
increasing the word length to 4 bit/sample affects the robustness
performance of both codecs in the decrease of ODGs at all tested
BERs. In general, both coding schemes up to BER = 10−5 yield
similar good robustness against transmission errors. For higher
BERs the PED-ADPCM codec shows better error robustness prop-
erties. The SQAM tracks coded with both ADPCM methods are
classified as very annoying, if BER reaches 10−3.

The final evaluation is done by using the original signal x(n)
as the reference signal and the decoded noisy signal ynoisy(n) at the
corresponding BER as the test signal. Therefore, the quantization
noise is not ignored by the PEAQ algorithm and the overall per-
ceptual impairment of the decoded signal is evaluated. As shown
in Fig. 12, the proposed-RSD ADPCM method nearly at all BERs
yields higher ODG compared to the PED-ADPCM coding scheme.
In general, the proposed-RSD ADPCM guarantees slightly annoy-
ing impairment of the decoded signal up to BER of 5 · 10−5.
Nearly the same ODG may be yielded by the PED-ADPCM coding
scheme, if the word length is set to 4 bit/sample and the transmis-
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Figure 12: Overall mean perceptual audio quality against BER
by employing robust ADPCM coding schemes, if the PEAQ algo-
rithm compares the original x(n) with the decoded noisy signal
ynoisy(n).

sion is error-free or up to BER of 5 · 10−6. The evaluation in Fig.
11 of the PED-ADPCM shows better robustness properties, if the
quantization noise impairment is ignored. However, if the over-
all impairment is evaluated (Fig. 12), the proposed-RSD ADPCM
system in the noisy and error-free channels outperforms the PED-
ADPCM system. Selected audio examples coded by the presented
error robust ADPCM coding schemes can be found for listening at
[20].

4. CONCLUSIONS

The impact of the transmission errors on the base ADPCM us-
ing reconstructed signal driven (RSD) and prediction error driven
(PED) lattice prediction error filters were discussed. An evaluation
of latency free coding schemes were done to compare the percep-
tual audio quality for error-free and noisy channels.

The PED-ADCPM coding scheme guarantees high robustness
against transmission errors up to BER of 10−4. Beyond that, a fast
transmission error decay in the decoded signal is ensured. On the
other hand, good audio quality for error-free channels can only be
achieved if a word length of at least 5 bit/samples is used. Conse-
quently, the PED-ADPCM may be employed for real-time appli-
cations, where high error robustness is necessary and high channel
bandwidth is available.

A transmission error robust RSD prediction filter in lattice
structure was proposed. The proposed error robust RSD-ADPCM
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system similarly to the non-robust RSD-ADPCM achieves good
audio quality for error-free channels. Additionally, the proposed
method has an important robustness property against transmission
errors. Although a complete decay of transmission error is much
longer than in PED-ADPCM method, the proposed system guar-
antees up to BER of 5 · 10−5 a slightly annoying impairment of
the decoded signal. Therefore, an important step towards a latency
free audio coding scheme with a good audio quality for a desired
bit rate and error robustness is achieved.
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