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ABSTRACT

In this paper, a novel error concealment technique for 

partial spectral loss in transform coders is presented.

Based on amplitude and phase inter- and intra- frame

correlations, an algorithm for missing spectral coefficients 

restoration is derived. The algorithm restores the missing

spectral coefficients by predicting the amplitude using

energy matching and the phase using group delay

conservation principles. Results from listening tests

illustrate the performance of the proposed algorithm.

1. INTRODUCTION 

The transmission of compressed audio under adverse

channel conditions is one of the most challenging

problems in audio media distribution in wireless systems

or the Internet. When all sender recovery schemes fail to

correct the losses, error concealment at the receiver is 

often sought as the last resort in order to reduce the

degradation of streamed audio quality [6].

Audio signals and especially speech signals often show 

large amounts of self-similarity. Error concealment

techniques are based on producing a replacement for the

lost packet, whose objective is the reduction of the

perceived quality degradation. These techniques perform

well for small packets and low loss rate (under 10%), for

large packets the assumption of short-term self-similarity

breaks down making these techniques of little use.

A large spectrum of error concealment techniques has 

been developed, for surveys see [6][7]. These include

muting, repeating, noise injection, pattern matching, pitch

based replication, spectral domain concealment [1], 

statistical restoration [2], etc.

In this paper, a transform based audio codec is

considered. Without loss of generality, the transform

domain will be referred to as spectral domain. The

spectral coefficients corresponding to an audio signal

frame are quantized and packetized for transmission. The

problem considered concerns instances where only part of 

the spectral data relative to one audio frame is missing at 

the receiver side. In packet based transport this means that 

the encoded spectral coefficients corresponding to an

audio frame are transported into different packets, which

may be seen as an interleaving operation. Figure 1

illustrates an example of such spectral coefficients

interleaving. This type of spectral interleaving appear for

instance in the AMR-WB+ audio codec [8] where a super-

frame of audio data is encoded and transported by 4 

packets.
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Figure 1: Spectral coefficients interleaving on 4 

packets

Most existing concealment approaches, use only past 

and/or future information about the audio signal in order

to conceal the packet loss. However, in the case of partial

loss, some of the received coefficients relating to the same

audio frame may be used in order to efficiently recover 

the missing coefficients. This type of concealment will 

use both inter and intra frame information.

The paper is organized as follows; in Section 2 a general

description of the codec under consideration is given.

Section 3 presents the principles underlying amplitude and 

phase concealment. The proposed algorithm is presented

in Section 4 and in Section 5 listing test results illustrate

the performance of the proposed algorithm.

2. DESCRIPTION OF THE SYSTEM UNDER 

CONSIDERATION

For the ease of development and without loss of

generality, we consider a very basic frequency domain

audio codec. The input signal is decomposed into

overlapping frames where each frame is multiplied by a 

windowing function. The signal frames can be written as 

1,,0),(),( −=+= NnnmKxnmx Λ
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Where  is the window length, and is the

length of the overlap, and the windowed signal frame is

equal to:

N KN −

1,,0),()(),( −=+⋅= NnnmKxnhnmxh Λ
The resulting windowed signal frames are then

transformed to the frequency domain by an FFT

operation, after which the obtained spectral coefficients 

are quantized, packetized and transmitted.
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Figure 2: Basic frequency domain encoder 

In the decoder side, the received spectral coefficients are 

first fed to an error concealment unit (ECU) the resulting 

coefficients are then transformed to the time domain by an 

inverse FFT operation. Finally, the obtained time-domain

frames are overlap-added to produce the decoded audio

signal.
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Figure 3: Basic frequency domain decoder 

It is assumed the ECU receives an array of Boolean flags

indicating which coefficients have been lost, which is a

realistic assumption for packet based transport. Based on

this information, the role of the ECU is to replace/repare 

the missing coefficients in order to decode the audio

signal. When the ECU is not activated, the missing

spectral coefficients are simply replaced by zeros, which

can be seen as a muting technique.

3. AMPLITUDE AND PHASE CONCEALMENT 

3.1. Experimental considerations 

When no error concealment is used, replacing the missing

spectral coefficients with zeros can be seen as a strategy

for concealment. Muting the spectral coefficients, 

although very simple, does in fact lead to severe artifacts

introduced by the large discontinuities it introduces. It is 

found experimentally that most annoying artifacts occur in

audio frames that are stationary, e.g. long tones, voiced

sections, etc. Packet repetition does not improve on

muting; in fact repeating the previous spectral coefficients 

leads to severe artifacts due to phase mismatch on frame

boundaries. This manifests itself as clicks, which occur in

the overlapped sections of the audio signal frames.

Experimentally, it has been noticed that a simple scheme

consisting of repeating the previous spectral coefficient

amplitude leads to very good results provided that the

phase of the missing spectral coefficient is correct, i.e. 

assuming that only the amplitude has been lost. The 

inverse experiment, where the phase is repeated while the 

amplitude is correct does lead to severe artifacts. This

shows that phase concealment is much more demanding

than amplitude concealment.

3.1. Group delay conservation property 

Consider a single stationary complex tone
00)(

ϕω jjn
eAnx

+⋅=
The signal frames prior to frequency transform writes as 

1,,0,)(),( 000 )( −=⋅⋅= ++
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The Fourier transform of the signal frame writes as 
)(

0
00)(),(

ϕωωωω +⋅−⋅= mKj
eHAmX

The phase of the signal therefore writes as

000 )(),( ϕωωωϕωϕ ++−= mKm hx

It is well known that the temporal difference of successive 

phases is given by:

0),( ωωϕ Kmx =∆
This shows that the phase evolves linearly on each

frequency bin. This property is exploited for instance in

time-scaling/pitch shifting by the phase vocoder, where it

is used in order to compute the phase of the scaled signal.

It has also been exploited  for transform coding of audio

signals [6], where it is used in combination with a

predictive phase quantizer. In [7], based on the same

principle, a phase prediction is used for error concealment

where past values belonging to the same frequency bin are

used in order to predict the missing/erroneous spectral

coefficient. This ensures that the phase will evolve

coherently in time; however there is no guarantee that 

phase coherence is preserved in the frequency domain, i.e.

with neighboring bins.

If one takes the derivative of the phase with respect to the

frequency it leads to the group delay

)(),( 0ωωτωτ −= hx m

This result shows that for a single stationary tone, the

group delay is “frame” constant (independent of ). In 

particular, we have 

m
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),1(),( ωτωτ −= mm xx

It is easily shown that this result holds approximately true

for multiple tones that are far enough from each other and 

is approximately locally true.

The group delay conservation property does relate the

phase on a bin with the past phase of the bin and also the

neighboring bins. Using this property in order to restore

the phase ensures phase coherence for both time and 

frequency evolution.

4. SPECTRAL COEFFICIENT CONCEALMENT 

ALGORITHM

In the following we consider the following set of indices

of the lost spectral coefficients, 

{ }TRUEkmbcikS == ),(,

Each spectral coefficient is written in polar coordinates as 
),(),(),( kmjekmYkmy ϕ=

where , resp.),( kmY ),( kmϕ , denotes the spectral 

amplitude, resp. spectral phase, for frequency bin k at

time frame .m

4.1. Amplitude concealment 

As discussed earlier, amplitude concealment can be

simply repeating the previous bin amplitude, i.e.

),1(ˆ),(ˆ kmYkmY qq −=
This can have the drawback that if the audio signal has a 

decreasing magnitude; over-estimation of the amplitude

can occur. A more elaborate scheme uses intra-frame

redundancies, which allows a better prediction of the

spectral magnitude. The predicted spectral magnitude can

be written as

),1()(),(ˆ kmYmGkmY qq −⋅=

where  is an adaptive gain obtained by matching

the energy of the non-lost spectral coefficients of the

current frame with the corresponding spectral coefficients

of the previous frame. An example of energy matching

can be to compute the adaptive gain as 
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Other types of energy matching measures may be 

possible, for instance, the gain  can be estimated

on several spectral bands by grouping the spectral

coefficients into sub-bands and estimating the gain in each 

sub-band. The sub-band grouping can be on a uniform

scale or a psychoacoustically motivated nonlinear

frequency scale. The adaptive gain in sub-band can

therefore estimated by 
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And the predicted amplitude of the spectral coefficients in 

frequency sub-band  is given byl

)(),,1(),(),(ˆ lsubbandkkmYlmGkmY qq ∈−⋅=
The estimated gain on each spectral band greatly benefit

from smoothing both in the time domain (smoothing in

) as well as in the frequency domain (smoothing in l )

by the use of, for example, low pass filtering in the time

and the frequency domain or polynomial fit in the

frequency domain and low pass filtering in the time

domain.

m

4.2. Phase concealment 

Phase concealment is based on the use of group delay 

conservation properties. A straightforward way consists of

requiring that the concealed phase obey the group delay

preservation. Phase prediction will then consist of first

estimating the group delay from the previous frame, and 

then matching the current frame group delay to the

previously estimated.

A simple way to estimate the group delay is to

approximate the derivative of the phase in the previous

frame by using first order finite differences, i.e. 

)1,1(),1(),1( −−−−=−∆ kmkmkm ϕϕϕ
The idea then is to restore the same group delay on all the

missing spectral components. This can be achieved by

computing the predicted phases such that they minimize

an error function, for example:
2

)),1()1,(),(()(
∈

−∆−−−⋅
Sk

kmkmkmkW ϕϕϕ

where the unknown parameters are ),( kmϕ  such that 

represents the bin of a missing spectral coefficient, while 

 are positive weighting coefficients.

k

)(kW

It is advantageous that the weighting coefficients are set 

proportional to the magnitude of the spectrum of the

previous frame, or the predicted magnitude of the current

frame, or a smoothed spectral envelope. This has the

effect of emphasizing the importance of the spectral peaks 

and to filter out the bad estimates of the phase derivative

introduced by noise in the spectral valleys.
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Extensive listening test have been conducted during the

the development of this algorithm. The results shown in

the following figure show the improvement of the

algorithm over a simple muting strategy in the case of 5%

frame erasures rate. The large improvements were 

obtained on stationary music (items 4,5,6,7,8). These 

results show also how the algorithm succeeds in providing 

a consistent codec quality over a large variety of items.

Known phase
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The algorithm presented here is also part of the AMR-

WB+ audio codec. Official test results performed by

3GPP during audio codec selection [3] show that the

AMR-WB+ codec was the only codec to maintain a good 

quality (>50 Mushra points) even in impaired channel

conditions.Figure 4: Illustration of the proposed concealment 

algorithm 5. CONCLUSION

An example of a solution in the case of W  is 

given. As shown in Figure 4, the lost spectral coefficients

are between bin 

1)( =k

K  and bin . The minimization

of the error criterion leads to the following recursive

solution for the extrapolated-predicted phase, 

NK +

In the case of partial spectral loss, error concealment

should re-use as much information as possible from the

currently received non-lost spectral coefficients in order 

to conceal the lost coefficients.  In this paper a novel

technique for error concealment has been developed that

reuses past as well as presently received information in

order to rebuild the missing part of the spectrum. The

presented algorithm has been successfully implemented as 

part of the AMR-WB+ decoder.
1,...,1

,),1()1,(ˆ),(ˆ

−++=
∆+−∆+−=

NKKk

kmkmkm cϕϕϕϕ

where
Extensions to this algorithm for use with other types of

transforms, e.g. DCT, are possible and are currently under

investigation.)),1(),(
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