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Abstract

In this paper we present a concept for robust speech transmission on packet based cellular networks
with packet losses. We transmit selected side information of low bit rate to assist the receiver’s
packet loss concealment routine in reconstructing lost frames of standard ACELP based speech
codecs, e.g., AMR Wideband. The side information indicateswhich particular estimation technique
the receiver should use to restore speech parameters of the respective frame. Further improvement
can be achieved by additionally transmitting the coarsely quantized estimation error. The achievable
quality gains are evaluated by parameter SNR, spectral distortion, and Wideband PESQ measures.

1. Introduction

Voice over IP (VoIP), i.e., packet-switched
speech transmission, has become increasingly
important over the last years. Currently de-
ployed 3G mobile communication systems
(e.g. UMTS) even facilitate the introduction
of Voice over IP services over mobile radio
channels. However, the problem in Voice over
IP transmission over heterogeneous networks
are packet losses caused by network congestion
or bit errors on a wireless link. VoIP applica-
tions in cellular networks utilize standardized
codecs that originally have been designed for
circuit-switched wireless networks with limited
bit rates, e.g., ITU-T G.729A or the Adap-
tive Multi-Rate Wideband (AMR-WB) codec.
These codecs are sensitive to packet loss,
because the inherent ACELP codec structure
leads to error propagation, particularly through
an incorrect update of the adaptive codebook.
On the other hand, codecs specifically designed
for packet switched networks, e.g., the Internet
Low Bit Rate Codec (iLBC, IETF RFC 3951),
achieve a higher robustness against packet loss
by avoiding dependencies between adjacent
encoded speech frames. However, this advan-
tage is gained at the expense of a higher data
rate. In this paper we use additional bit rate

to enhance the robustness of existing codecs
towards packet loss by transmitting some se-
lected side information to assist the receiver’s
packet loss concealment.

There are different strategies to combat packet
loss in VoIP applications. Sender-driven ap-
proaches are able to limit the impact of packet
loss to some extent, e.g., by transmitting a
copy of the current speech frame in a following
packet or by applying other channel coding
schemes. However, the benefit of these meth-
ods is gained at the expense of a considerable
increase in bit rate which may not be tolerable
for wireless transmission channels. Methods
have also been proposed which only transmit
partial information on some speech parame-
ters in following packets to limit the overall
bit rate, e.g. [1],[2]; the missing information
will be estimated by the receiver’spacket loss
concealment routine. Finally, solely receiver-
based concealment approaches utilize received
preceding and succeeding frames to reconstruct
a lost frame without side information, as, e.g.,
shown in [1],[3],[4],[5]. For cellular networks
with limited bit rates, a solution for robust
packet based speech transmission lies in be-
tween the bit rate intensive sender-driven and
solely receiver-based approaches. In the fol-
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lowing, a combined concept will be presented,
which will be referred to assender-assisted
packet loss concealment (PLC).

2. Sender-assisted PLC Approach

The concept of sender-assisted packet loss
concealment is to transmit selected side in-
formation in succeeding packets to assist the
receiver’s concealment routine in estimating
the lost speech parameters. Twotypes of side
information are considered:

1) side information on which estimation
technique to use for error concealment in
the receiver (e.g., extra-, interpolation),

2) side information to improve the estima-
tion (e.g., quantized estimation error).

The appropriate estimation technique for a pa-
rameter depends on the current signal structure.
While the choice can be based on the voicing
state of adjacent frames [3], some explicit side
information on which estimation technique to
use for a specific speech frame can further
improve the estimation. We compared different
estimation techniques for each parameter of
the AMR-WB codec and identified which tech-
niques to implement in the receiver. From this
set, the optimal technique for individual frames
is determined at the sender and transmitted as
side information (type 1). Knowing which esti-
mation technique the receiver will use in case
of loss, the coarsely quantized estimation error
can be optionally transmitted as additional in-
formation to improve the concealment (type 2).
These types of side information require a lower
additional bit rate than approaches that transmit
copies of speech parameters.

2.1 Simulation Settings

For the simulations presented in the following
sections, the test files of the TIMIT database
have been used (sampling frequency: 16 kHz).
For each speaker, several short files were com-
bined in a single file, resulting in 168 files,
each of about 8 to 12 sec length. The files were
encoded by the Adaptive Multi-Rate Wideband
codec with 23.05 kbit/s. The performance of
the different concealment methods will be as-
sessed by the parameter SNR (pSNR) or the
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Fig. 1: WB-PESQ measurements for different
sender-assisted concealment approaches: Each
AMR-WB parameter considered separately, re-
spective other parameters received correctly.

mean spectral distortion (SD). Furthermore, we
will discuss the impact on the resulting speech
quality by presenting Wideband PESQ [6]
measurements for 10% single frame losses in
the speech files. The results are shown in Fig. 1
and will be discussed in the following sections.

3. Concealment Methods

In the following, the different parameters of
the AMR-WB speech codec are considered
separately. In these studies, the respective other
parameters have been assumed as received cor-
rectly in order to focus only on the influence
of the considered parameter.

3.1 Spectral Envelope – ISF

The AMR-WB codec usesimmittance spectral
frequencies (ISF) as representation for the LP
coefficients to describe the spectral envelope
of a speech frame. For transmission, a residual
r(n) is calculated recursively from the mean
removed ISF vectorq(n) according to:

r(n) = q(n) − q −
1

3
· r(n − 1) (1)

with q a constant mean (expectation) ISF
vector. Therefore, a frame loss always leads
to an error propagation of one further frame.
Table I shows the quality that can be achieved
by various concealment approaches (A-F). In
the standard concealment approach (A) [7], the
lost ISF vectors are estimated by shifting the
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past ISFs towards their mean. However, if the
frame following a loss is available, it can be
utilized for the concealment. Assuming a loss
of a single framen, we propose the following
interpolation function for the lost ISF vector:
q̂(n) = α · q(n − 1) + (1 − α) · q(n + 1) (2)

with parameterα∈ [0, 1] determining a weight-
ing between the previous and the following
value. A linear interpolation of the ISF vec-
tors is achieved forα=0.5 (C). Note that the
following ISF vectorq(n+1) is not explicitly
known at the receiver, only the received resid-
ual r(n+1). In [4] it was proposed to first
extrapolate the ISF as in the standard approach,
then calculateq(n+1), and finally linearly
interpolateq(n−1) andq(n+1) (B). However,
assuming the interpolation with parameterα
resembles the actual ISF vectors close enough,
we obtain a closed mathematical solution to
Eq. (2) by substitutingq(n−1) and q(n+1)
according to Eq. (1), which finally yields

q̂(n) = q+a·r(n−2)+b·r(n−1)+c·r(n+1) ;

a =
α

α + 2
; b =

10α − 1

3α + 6
; c =

3 − 3α

2 + α
. (3)

For the proposed sender-assisted (SA) ap-
proach of packet loss concealment, simulations
with different sets ofα values have been car-
ried out (D, E, F). For each frame, the opti-
mal α has been determined as the one that
minimizes the spectral distortion between the
spectra belonging tôq(n) andq(n). A choice
of 4 values forα proves reasonable (E), i.e.,
2 additional bits per frame have to be trans-
mitted. The quality can be further improved
by transmitting the quantized estimation error
vector eq(n) = q(n)− q̂(n). The results are
depicted in Fig. 1 for several bit rates and
show a further noticeable improvement for,
e.g., 4 additional bits/frame, i.e., a total side
information for the ISF of 6 bit/frame (G).

3.2 Pitch Lag

The parameter SNR and WB-PESQ values
resulting from different approaches (I-L) are
listed in Table II. In the standard concealment
method (I) [7], the pitch lags of a lost speech
frame (4 sub-frames) are either repeated or

TABLE I
ISF ESTIMATION: PERFORMANCE OF

DIFFERENT CONCEALMENT APPROACHES

Concealment Method SD WB-
[dB] PESQ

A 3GPP TS 26.191 [7] 4.22 2.94
B Extra-/Interpolation [4] 3.54 3.24
C Linear Interpolation:α = 0.5 3.61 3.26
D SA, 2 values ofα: 0.5;0.8 3.22 3.33
E SA, 4 values ofα: 0.3;0.5;0.7;0.9 3.02 3.40
F SA, 8 values ofα: 0.3;0.4;. . . ;1.0 2.99 3.40

TABLE II
PITCH ESTIMATION: PERFORMANCE OF

DIFFERENT CONCEALMENT APPROACHES

Concealment Method pSNR WB-
[dB] PESQ

I 3GPP TS 26.191 [7] 6.45 2.96
J Linear Interpolation 7.01 3.06
K SA, 2 techniques (1 bit): I, J 8.50 3.13
L SA, 7 techniques (3 bit): 9.96 3.31

I, J, replacement (N ∈ [0, 4])

randomly varied, depending on the voicing
state. For the sender-assisted (SA) approach,
we considered the following estimation tech-
niques for lost pitch lags: standard concealment
according to [7] (I), linear interpolation (J),
and a replacement approach, where the firstN
sub-frames will be estimated by the preceding
value and the remaining sub-frames by the first
pitch value of the following frame. The choice
of N ∈ [0, 4] is included in the side information.
The estimation technique that produces the
smallest mean-square error for the pitch lags
of a frame is chosen and its index is trans-
mitted to the receiver in a succeeding packet
(K, L). Method L requires 3 additional bits per
frame and leads to a considerable improvement
over [7]. Further improvement can be achieved
by transmitting the quantized estimation error
with 8 bit/frame (see Fig. 1, M).

3.3 Adaptive and Fixed Codebook Gains

The achievable quality of different methods
(O-Q) is shown in Table III. In the standard
concealment method (O), the gains of adaptive
and fixed codebook are estimated by attenuated
values from the previous sub-frames. While
signal muting is necessary in cases of several
consecutive frame losses, for short losses of
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TABLE III
GAIN ESTIMATION : PERFORMANCE OF

DIFFERENT CONCEALMENT APPROACHES

Concealment Method pSNR [dB] WB-
ga γ PESQ

O 3GPP TS 26.191 [7] N/A N/A 2.94
P SA, 11 techniques (4 bit) 11.41 4.69 3.51
Q SA, 8 techniques (3 bit) 11.19 4.61 3.50

1-2 frames this attenuation leads to notice-
able and unnecessary amplitude fluctuations in
voiced speech segments, as shown in [3].
For the sender-assisted (SA) concealment ap-
proach (P), we use the following estimation
techniques: interpolation, sub-frame replace-
ment by previous or following gains (as for
pitch lags) withN1∈ [0, 4], or replacement by
the mean gains of the previous or following
frame with N2∈ [0, 4]. The decision for an
estimation technique is made separately for the
adaptive codebook gainga and the received
correction factorγ =gc/gc

′ between the fixed
codebook gaingc and its predictiongc

′. Even
with a restriction ofN1 to 2 values{0, 4} (Q)
already a considerable improvement over [7]
(O) is achieved. Further improvement requires
at least 3 more bits/frame for each gain to trans-
mit the quantized estimation error (Fig. 1, R).

4. Speech Quality Measurements

We finally combined the approaches for the
different codec parameters of Fig. 1 to evaluate
the overall quality improvement by the pro-
posed sender-assisted packet loss concealment
for the example of 10% single frame losses.
Table IV shows the Wideband PESQ [6] re-
sults for different bit rates of additional side
information. In comparison to the standard
approach [7], a considerable quality improve-
ment is already gained by transmitting which
estimation techniques to use for concealment
(11 bit/frame), which can be further increased
by transmitting quantized estimation errors.
The fixed codebook (FCB) excitation either has
been estimated by a random sequence [7] or,
for comparison, assumed as correctly received.
The transmission of side information for this
parameter will be subject to further studies.

TABLE IV
QUALITY OF COMBINED APPROACH

Concealment Method WB-PESQ
(see Tab. I-III, Fig. 1) correct FCB random FCB
3GPP TS 26.191 [7] 2.240 2.175
SA, 11 bit/frame (E, L, Q) 2.857 2.529
SA, 29 bit/frame (G, M, R) 3.040 2.609
SA, 47 bit/frame (H, N, S) 3.242 2.675

5. Conclusion

We presented a new concept of sender-assisted
packet loss concealment which is based on the
transmission of side information to improve
the concealment of lost frames at the receiver.
Two types of side information have been con-
sidered, first information on what estimation
technique is optimal for each codec parameter
of a specific frame, and second a coarse quan-
tization of the respective estimation error. We
have shown that with an additional bit rate of
only 11-29 bit per frame, a considerable quality
improvement can be gained for single frame
losses. Further studies will be made to extend
these approaches to longer frame loss lengths.
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