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Transmission system for transmitting speech signals 

The present invention is related to a transmission system comprising a transmitter, 

with a speech encoder comprising means for deriving from an input signal a symbol sequence 

including a representation of a plurality of prediction coefficients and a representation of an 

excitation signal, said transmitter being coupled via a transmission medium to a receiver with a 

5 speech decoder. 

The present invention is also related to a receiver, a decoder and a decoding 

method. 

A transmission system according to the preamble is known from GSM . 

reconnnendation 06.10, GSM full rate speeth transcoding published by European 

10 Telecommunication Standardisation Insiitute (ETSI) January 1992. 

Such transmission systems can be used for transmission of speech signals via a 

transmission medium such as a radio channel, a coaxial cable or an optical fibre. Such 

transmission systems can also be used for recording of speech signals on a recording medium 

such as a magnetic _tape or disc. Possible applications are automatic answering machines or 

15 dictation machines. 

In modem speech transmission system, the speech signals to be transmitted are 

often coded using the analysis by synthesis technique. In this technique, a synthetic signal is 

generated by means of a synthesis filter which is excited by a plurality of excitation sequences. 

The synthetic speech signal is determined for a plurality of excitation sequences, and an error . . 
2~ si~ representing the error between the synthetic signal, and a target signal derived from the 

input signal is determined. The excitation sequence resulting in the smallest error is selected and 

transmitted in coded form to the receiver. 

The properties of the synthesis filter are derived from characteristic features of the 

input signal by analysis means. In general, the analysis coefficients, often in the form of so-called 

25 prediction coefficients, are derived from the input signal. These prediction coefficients are 

regularly updated to cope with the changing properties of the input signal. The prediction 

coefficients are also transmitted to the receiver. In the receiver, the excitation sequence is 
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recovered, and a synthetic signal is generated by applying the excitation sequence to a synthesis 

filter. This synthetic signal is a replica of the input signal of the transmitter. 

Often the prediction coefficients are updated once per frame of samples of the 

speech signal, whereas the excitation signal is represented by a plurality of sub-frames 

5 comprising excitation sequences. Mostly, an integer number of sub-frames fits in one update 

period of the prediction coefficients. In order to improve the quality of the signal synthesised at 

the receiver, in the known transmission system the interpolated analysis coefficients are 

calculated for each excitation sequence. 

A second reason for using interpolation is in the case one set of analysis 

10 parameters is received in error. An approximation of said erroneously received set of analysis 

parameters can be obtained by interpolating the level numbers of the previo\is set analysis 

parameters and the next set of analysis parameters. 

Using interpolation results always in a small degradation of the speech quality 

when compared with a situation in which no interpolation is required in case updated prediction 

15 parameters are available for each sub-frame. 

The object of the present invention is to provide a transmission system according 

to the preamble in which the degradation of the reconstructed speech signal due to interpolation is 

reduced. 

Therefor the communication network is characterized in that the speech decoder 

20 comprises trarisformation means for deriving a transformed representation of said plurality of 

prediction coefficients more suitable for interpolation, in that the speech decoder comprises 

interpolation means for deriving interpolated prediction coefficients from the transformed 

representation of the prediction parameters, and in that the decoder is arranged for reconstructing 

a speech signal on basis of the interpolated prediction coefficients. 

25 . It has turned out that some representations of the prediction coefficients are more 

suitable for interpolation than other representations of prediction coefficients. Types of 

representations of prediction coefficients that are suitable for interpolation have the property that 

small deviation of individual coefficients have only a small effect on speech quality. 

An embodiment of the invention is charact~zed in that the interpolation means 

30 are arranged for deriving in dependence of a control signal, the interpolated prediction 

coefficients from the representation of the prediction coefficients or for deriving the interpolated 

prediction coefficients from the transformed representation of the prediction coefficients. 
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In general, the use of a transformed representation of the prediction coefficients 

will result in an additional computational complexity of the decoder. By choosing the type of 

interpolation in dependence of a control signal, it is possible to adapt the computational 

complexity if required. This can be useful if the speech decoder is implemented on a 

5 programmable processor which has also to perform other tasks, such like audio and/or video 

encoding. In such a case the complexity of the speech decoding can temporarily be decreased at 

the cost of some loss of speech quality, to free resources required for the other tasks. 

A further embodiment of the invention is characterized in said transformed 

representation of prediction parameters is based on line spectral frequencies. 

10 Line spectral frequencies have the property that an error in a particular line 

spectral frequency only has a major influence on a small frequency range in the spectrum of the 

reconstructed speech signal, making them very suitable for interpolation. 

The present invention will now be explained with reference to the drawings. 

herein shows: 

15 Fig. 1, a transmission system in which the present invention can be used; 

Fig. 2, the constitution of a frame comprising symbols representing the speech 

signal; 

Fig. 3, a block diagram of a receiver to be used in a network according to the 

invention; 

20 Fig. 4, a flow graph of a program for a programmable processor for implementing 

the interpolator 46 of Fig. 3. 

In the communication system according to Fig. 1, a transmitter 1 is coupled to a 

receiver 8 via a transmission medium 4. The input of the transmitter 1 is connected to an input of 

a speech coder 2. A first output of the speech coder 2, carrying a signal P representing the 

25 prediction coefficients is connected to a first input of a multiplexer 3. A second output of the 

speech coder 2, carrying a signal EX representing the excitation signal, is connected to a second 

input of the multiplexer 3. The output of the multiplexer 3 is coupled to the output of the 

transmitter 1. 

The output of the transmitter 1 is connected via the transmission medium 4 to a 

30 speech decoder 40 in a receiver 8. 

In the explanation of the transmission system according to Fig. 1, it is assumed 

that the speech encoder 2 is arranged for encoding frames comprising a plurality of samples of 
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the input speech signal. In the speech coder once per frame a number of prediction coefficients 

representing the short term spectrum of the speech signal is calculated from the speech signal. 

The prediction coefficients can have various representations. The most basic representations are 

so-called a-parameters. The a-parameters a[i] are determined by minimizing an error signal E 

5 according to: 

N p 

E= L(s(n)- La[i]s(n-i))2 (1) 

n=l i=l 

In (1) s(n) represents the speech samples, N represents the number of samples in a speech frame, 

P represents the prediction order, and i and n are running parameters. Normally a-parameters are 

not transmitted because they are very sensitive for quantization errors. An improvement of this 

10 aspect can be obtained by using so-called reflection coefficients or derivatives thereof such as log 

area ratios and the inverse sine transform. The reflection coefficients rk can be detennined from 

the a-parameters according to the following recursion: 

a[i] =a[i] 

r[i} =a Ci) [i} i = p. p - 1, .... .2,1 

(i-1) _ aCi>[m] + r[i] · a<i-l)[i -m] . _ . _ 
a [m]- 2 ,m-l,. .. ,1 1 

1-r[i] 

The log-area ratios and the inverse sine transform are respectively defined as: 

LAR[i] = in(l-r[~Jl 
1 + r[ij) 

and 

g[i] = sin - l (r[i]) 

(2) 

(3) 

(4) 

15 The above mentioned representations of prediction coefficients are well known to those skilled in 

the art. The representation P of the prediction coefficients is available at the first output of the 

speech coder. 

Besides the representation of the prediction coefficients, the speech coder provides 

a signal EX representation of the excitation signal. For the explanation of the present invention it 

20 will be assumed that the excitation signal is represented by codebook indices and associated 

codebook gains of a fixed and an adaptive codebook, but it is observed that the scope of the 

present invention is not restricted to such type of excitation signals. Consequently the excitation 
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signal is formed by a sum of codebook entries weighted with their respective gain factors. These 

codebook entries and gain factors are found by an analysis by synthesis method. 

The representation of the prediction signal and the representation of the excitation 

signal is multiplexed by the multiplexer 3 and subsequently transmitted via the transmission 

5 medium 4 to the receiver 8. 

The frame 28 according to Fig. 2 comprises a header 30 ~or transmitting e.g. a 

frame synchroni7.ation word. The part 32 represents the prediction parameters. The portions 34 

.... 36 in the frame represent the excitation signal. Because in a CELP coder the frame of signal 

samples can be subdivided in M sub-frames each with its own excitation signal, M portions are 

10 present in the frame to represent the excitation signal for the complete frame. 

In the receiver 8, the input signal is applied to an input of a decoder 40. In the 

decoder 40, outputs of a bitstream deformatter 42 are connected to corresponding inputs of a 

parameter decoder 44. A first output of the parameter decoder 44, carrying an output signal C[P] 

representing P prediction parameters is connected to an input of an LPC coefficient interpolator 

15 46. A second output of the parameter decoder 44, carrying a signal FCBK INDEX representing 

the fixed codebook index is connected to an input of a fixed codebook 52. A third output of the 

parameter decoder 44, carrying a signal FCBK GAIN representing the fixed codebook gain, is 

connected to a first input of a multiplier 54. A fourth output of the parameter decoder 44, 

carrying a-signal ACBK INDEX representing the adaptive codebook index, is connected to an 

20 input of an adaptive codebook 48. A fifth output of the parameter decoder 44, carrying a signal 

ACBK GAIN representing the adaptive codebook gain, is connected to a first input of a 

multiplier 54. 

An output of the adaptive codebook 48 is connected to a second input of the 

multiplier 50, and an output of the fixed codebook 52 is connected to a second input of the 

25 multiplier 54. An output of the multiplier 50 is connected to a first input of an adder 56, and an 

output of the multiplier 54 is connected to a second input of the adder 56. An output of the adder 

56 , carrying signal e[n], is connected to a first input of a synthesis filter 60, and to an input of 

the adaptive codebook 48. 

A control signal COMP indicating.the type _of interpolation to be performed is 

30 connected to a control input of the LPC coefficient interpolator 46. An output of the LPC 

coefficient interpolator 46, carrying a signal a[P][M] representing the a-parameters, is connected 
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to a second input of the synthesis filter 60. At the output of the synthesis filter 60 the 

reconstructed speech signal s[n] is available. 

In the receiver 8 the bitstream at the input of the decoder 40 is disassembled by 

the defonnatter 42. The available prediction coefficients are extracted from the bitstream and 

5 passed to the LPC coefficient interpolator 46. The LPC coefficient interpolator determines for 

each of the sub-frames interpolated a-parameters a[m][i]. The operation of the LPC coefficient 

interpolator will be explained later in more detail. 

The synthesis filter 60 calculated the output signal s[ n] according to: 

P-1 
(S) 

s[n] = e[nJ+ La[m][i]·s[n-i] 
i=O 

In (9) e[n] is the excitation signal. 

10 In case the number of prediction coefficients passed to the parameter decoder is 

less than P due to the bitrate reduction according to the invention, the value of P is substituted by 

a value of P' smaller than P. The calculations according to (5)-(9) are performed for P' 

parameters instead of P parameters. The a-parameters for use in the synthesis filter with rank 

larger than P' are set to 0. 

15 The parameter decoder 44 extracts also the excitation parameters ACBK INDEX, 

ACBK GAIN, FCKB INDEX and FCBK GAIN for each of the subframes from the bitstream, 

and presents them to the respective elements of the decoder. The fixed codebook 52 presents a 

sequence of excitation samples for each subframe in response to the fixed codebook index 

(FCBK INDEX) received from the parameter decoder 44. These excitation samples are scaled by 

20 the multiplier 54 with a gain factor determined by the fixed codebook gain (FCBK GAIN) 

received from the parameter decoder 44. The adaptive codebook 48 presents a sequence of 

excitation samples for each subframe in response to the adaptive codebook index (ACBK 

INDEX) received from the parameter decoder 44. These excitation samples are scaled by the 

multiplier 50 with a gain factor determined by the adaptive codebook gain (ACBK GAIN) 

25 received from the parameter decoder 44. The output samples of the multipliers 50 and 54 are 

added to obtain the final excitation signal e[n] which is supplied to the synthesis filter. The 

excitation signal samples for each sub-frame are also shifted into the adaptive codebook, in order 

to provide the adaptation of said codebook. 
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In the flow graph according to Fig. 4 the labeled blocks have the following 

meaning: 

No. Inscript Meaning 

62 COMP= I? The value of the signal COMP is compared with 1 

64 DETERMINE LAR'S The LAR's are determined from the input signal. 

66 INTERPOLATE LAR'S The interpolated values of the LAR's are calculated for all 

subframes 

68 CALCULATE aciJ The interpolated a-parameters are calculated for all 

subframes from the interpolated LAR 's 

70 DETERMINE aciJ The a-parameters are determined from the input signal. 

72 CALCULATE LSF'S The LSF's are calculated for all subframes. 

74 INTERPOLATE LSF'S The LSF's are interpolated for all subframes. 

76 CALC. INT. arn The interpolated a-parameters are calculated for all 

subframes from the LSF's. 

5 In instruction 62, the value of the input signal is compared with the value 1. If the 

value of COMP is equal to 1, the interpolation to be performed will be based on LAR's. If the 

value of COMP differs from 1, the interpolation to be performed will be based on LSF's'. In 

instruction 64 first the value of the reflection coefficients rk are determined from the input signal 

of the C[P] of the LPC coefficient interpolator 46. This determination is based on a look up table 

I 0 which determines the value of a reflection coefficient in response to an index C[k] representing 

the ktll reflection coefficient. To be able to use only a single table for looking up the reflection 

coefficients, a sub table is used to define an offset for each of the parameters C[k] representing a 

prediction parameter. It is assumed that a maximum of 20 prediction parameters is present in the 

input frames. This sub table is presented below as Table l. 
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Table 1 

k Offset k Offset 

0 13 10 18 

1 0 11 17 

2 16 12 19 

3 12 13 17 

4 16 14 19 

5 13 15 18 

6 16 16 19 

7 14 17 17 

8 18 18 19 

9 16 19 18 

5 For each of the received prediction parameter, the offset to be used in the main table (Table 2) is · 

determined ft:om table 1, by using the rank m11nber k of the prediction coefficient as input. 

Subsequently the entry in table 2 is found by adding the value of Offset to the level number C[k]. 

Using said entry, the value of the corresponding reflection coefficient r[k] is read from Table 2. 
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Table 2 

C[k] + r[k] C[k] + O r[k] 
0 

0 -0.9896 25 0.4621 

1 -0.9866 26 0.5546 

2 -0.9828 27 0.6351 

3 -0.9780 28 0.7039 

4 -0.9719 29 0.7616 

5 -0.9640 30 0.8093 

6 -0.9540 31 0.8483 

7 -0.9414 32 0.8798 

8 -0.9253 33 0.9051 

9 -0.9051 34 0.9253 

10 -0.8798 35 0.9414 

11 -0.8483 36 0.9540 

12 -0.8093 37 0.9640 

13 -0.7616 38 0.9719 

14 -0.7039 39 0.9780 

15 -0.6351 40 0.9828 

16 0.5546 41 0.9866 

17 -0.4621 . 42 0.9896 

18 0.358 4 43 0.9919 

19 -0.2449 44 0.9937 

20 -0.1244 45 0.9951 

21 0 46 0.9961 

22 0.1244 47 0.9970 

23 0.2449 48 0.9977 

24 0.3584 

The set of reflection coefficients determined describes the short term spectrum for 

the Mth subframe of each frame. The prediction parameters for the preceding subframes of a 
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frame are found by interpolation between the prediction parameters for the current frame and the 

prediction coefficients for the previous frames. 

In the case COMP has a value of 1, the interpolation is based on log area ratios. 

This log area ratios are determined in instruction 64 according to: 

(6) 

In instruction 66 the interpolation of the log area ratio's is performed for all 

subframes. 

For subframe m of frame k, the interpolated value of the log area ratios are given by: 

lk[i][m]= M-mlk-J[i]+!!.lk[i] ;OSis·P-1; lSmSM-1 <7) 
M M 

Instruction 68 starts with calculating from each interpolated log area ratio an interpolated 

reflection coefficient according to: 

1-efk[i][m] 
fk[i][m]= ,. ; OSiSP-I; ISmSM-I 

1 + e1k[i][m] 

(8) 

For m=M, ~[i}[m] needs not to be computed as it is directly available from Table 2. 

Subsequently the a-parameters are derived from the reflection coefficients. The &'-parameters can 

be derived from the reflection coefficients according to the following recursion: 

a(i) [i] = r[i] } . 
i= 1,2 ..... P 

a(i)[m]=a(i-l)[m]+r(i]·a(i-l)(i-m] ;m= l, ... ,i-1 

(9) 

15 Finally the a-parameters aCP)[i] obtained by (9) are supplied to the synthesis filter 60. 

If the value of COMP is not equal to 1, the interpolation will be based on Line 

Spectral Frequencies yielding a better interpolation at the cost of an increased computational 

complexity. 

In instruction 70 the a-parameters are determined from the values of the reflection 

20 coefficients found by using Table 1 and Table 2 as explained above. Subsequently the a­

parameters ap1 are calculated from the reflection coe~cients using the recursion according to (9). 

In instruction the Line Spectral frequencies are determined from the a-parameters. 
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The set of a-parameters can be represented by a polynomial Am(z) given by: 

A,n(z) = l+aiz-l +a2z-2 +·····+am-2Z-(m-2) +am-1Z-(m-l) +amZ ( 10) 

A first step in the determination of the LSP's is splitting Aro(z) in two polynom~als 

P(z) and Q(z) according to: 

P(z)=Am(z)+z-(m+l)Am(z-1) (11) 

and 

( 12) 

S (11) and (12) can be written as: 

P(z) = l+(a1 +am)z-l +(a2 +am-t)z-2 +····+(a2 +am-1)z-(m-l) ( 13) 

and 

Q(z) = l+(a1 -am)z-l +(a2 -am-Oz-2 +····-(a2 -am-1)z-(m-l) ( 14) 

In the following the coefficients of P(z) and Q(z) will be indicated as P1> p2 ••• Pm-1> Pm and q1, ~ 

••• Qm-h qm. 

The polynomials P(z) and Q(z) each have m+ 1 zeros. It further can be proved that P(z) and Q(z) 

I 0 have the following properties: 

• All zeros of P(z) and Q(z) are on the unit circle in the z-plane 

• The zeros of P(z) and Q(z) are interlaced on the unit circle; between two zeros of P(z) there is 

one zero of Q(z) and vice versa. The zeros do not overlap. 

• The minimum phase property of Am(z) is easily preserved when the zeros of P(z) and Q(z) are 

15 quantized. Consequently the stability of the synthesis filter with transfer function l/Am(z) is 

ensured. 

It can easily be demonstrated that z=-1 and z=+ 1 is alWa.ys a zero of P(z) or Q(z). These zeros 

were introduced by expanding the order from the polynomials from m to m+ I. These zeros do 

not contain information about the parameters of the LPC filter. Form is even, P(z) has a zero at 

20 z=-1 and Q(z) has a zero for z=+l and form is odd both additional zeros +I and-1 are in Q(z). 

These zeros can be divided out of the polynomials without any loss of information. By doing so 

polynomials P'(z) and Q'(z) can be obtained form is even according to: 
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P'(z)= P(z) 
(1 +z-1) 

Q'(z)= Q(z) 
(l-z-1) 

and form is odd according to: 

P'(z)= P(z) 

·Form is even P'(z) can easily be recomputed as: 

m . 
P'(z) = 1 + L(Pi - P/-Oz-l form is even 

i=l 

P'(z)= P(z) form is odd 

PCT/JB98/00103 

( 15) 

( 16 )" 

( 17) 

In (17) p1_1 is calculated using p'i =pi·P'i-l with p'0=1. Form is odd no recalculation of P'(z) is 

required at all. 

5 Q'(z) can be recalculated as: 

m . 
Q'(z)=l+ 2:,(q; +q/-1)z-z form is even 

( 18) 

i=l 

m-1 . 
Q'(z)=l+q1z-1 + L (qi+qJ-2)z-z formisodd 

i=2 
Now the zeros of P'(z) and Q'(z) have to be determined to obtain the Line Spectral Frequencies. 

Because P'(z) and Q'(z) have complex poles it requires a large computational effort to find them . 

. Because all zeros lie on the unit circle, ~or finding these zeros z can be replaced by ei"' . By 

using the theorem of Euler ( coskm =(el""' +e·1k"')/2), P'(z) and Q'(z) can be written as: 

P'(ejaJ) = 2e-j(J]fflp {cos(mpa>)+ Pi cos((mp -l)w+···+-! Pinp} = 2e ·( 19 ) 

10 and 

Q'(ejaJ) = 2e -c-}mmq { cos(mqt») + qf cos((mq - l)w) + · · · + tqmq} = < lO) 

2e-jOJmp Q(ro) 
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In (19) and (20) mp and mq are equal to m/2 ifm is even. mp ={m+l)/2 and mq=(m-1)/2 ifm is 

odd. Now polynomials P(m) and Q(m) with real zeros are obtained. Searching of these zeros has 

to be performed by stepping with small steps through a range from 0 to 7t. This requires a large 

number of evaluations of P(m) and Q(m). Because P(m) and Q(m)comprise cosine terms, this 

5 requires a substantial amount of computations. However the evaluation of P(m) and Q(m) can 

substantially be simplified by using Chebychev polynomials. By using the mapping x=cos(ro), 

cos(mro) can be written as: 

cos(mw) = Tm(x) 

In (21) Tm is the m1horder Chebychev polynomial defmed as: 

To(x)=l 

1i(x)=x 

Tm(x) = 2xTm-1 (x)-Tm-2(x) 

Using the above mentioned mapping, P(x) and Q(x) can be written as: 

( 21) 

(22) 

10 Us~g (22), (23) and (24), P(x)and Q(x) can rapidly be evaluated for any value ofx. If the zeros . 

P(x)and Q(x) are found, the line spectral frequencies mkcan be found by 

(25) 

Resuming the above, the LSP's are calculated in the instruction 72 using the 

following steps 
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• Determination of P(z) and Q(z) according to (13) and (14). 

• Calculation of P'(z) and Q'(z) using (17) and (18). 

• Finding the roots of P(x)and Q(x) by stepping with small steps through a range from -1 tQ 1. 

If a sign change is found the exact position of the zero can be found by successive 

S approximation. For evaluating P(x) and Q(x) for each value of x, (23), (24) and (25) are 

used. 

Calculating the zeros (J) k using (25). 

In instruction 74 the interpolated Line Spectral Frequencies ar~ calculated 

10 according to: 

mk[i][m]= M-m mk-I[i]+~mk[i] ;Osi s P-1; 1 sms M-1 <26 > 
M M 

In instruction 76 the interpolated values of @1c[i][m] are converted to a-parameters. Each value of 

wk contributes to a quadratic factor of the form 1-2cos(t»1}z-1 +z-2
• The polynomials P'(z} and 

Q'(z} are formed by multiplying these factors using the LSF's that come from the corresponding 

15 polynomial. For P'(z) and Q'(z} can now be written: 

mp-1 
P'(z)= IT (1-2cos(m2;)z-1 +z-2) 

i=O 

mp-1 
Q'(z) = IT (1-2cos(m2i+Oz-l +z-2 

i=O 

(27) 

The polynomials P(z) and Q(z) are computed by multiplying P'(z) and Q'(z} with the extra zeros 

z=-1 and z=+ 1. Finally the a-coefficients are determined by using the property: 

Am(z) = P(z) ;. Q(z) ( 28) 

This property can easily be verified by adding (11) and (12) 
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Claims 

I. Transmission system comprising a transmitter, with a speech encoder comprising 

means for deriving from an input signal a symbol sequence including a representation of a 

plurality of prediction. coefficients and a representation of an excitation signal, said transmitter 

being coupled via a transmission medium to a receiver with a speech decoder, characterized in 
5 that the speech decoder comprises transfonnation means for deriving a transformed 

representation of said plurality of prediction coefficients more suitable for interpolation, in that 

the speech decoder comprises interpolation means for deriving interpolated prediction 

coefficients from the transformed representation of the prediction parameters, and in that the 

decoder is arranged for reconstructing a speech signal on basis of the interpolated prediction 

10 coefficients. 

2. Transmission system according to claim l, characterized in that the interpolation 

means are arranged for deriving in dependence of a control signal, the interpolated prediction 

coefficients from the representation of the prediction coefficients or for deriving the interpolated 

prediction coefficients from the transformed representation of the prediction coefficients. 

15 3. Transmission system according to claim 1or2, characterized in that said 

transformed representation of prediction parameters is based on line spectral frequencies. 

4. Receiver for receiving a symbol sequence representing a speech signal, including 
a representation of a plurality of prediction coefficients and a representation of an excitation 

signal, said receiver comprising a speech decoder for deriving a reconstructed speech signal from 
20 the sequence of symbols, characterized in that the speech decoder comprises tran~formation 

means for deriving a transformed represen~tion of said plurality of reflection coefficients more 
suitable for interpolation, in that the speech decoder comprises interpolation means for deriving 

interpolated prediction coefficients from the transformed representation of the prediction 

parameters, and in that the decoder is arranged for recon~cting a speech signal on basis of the 
25 interpolated prediction coefficients. 

5. Receiver according to claim 4, characterized in that the interpolation means are 

arranged for deriving in dependence of a control signal, the interpolated prediction coefficients 
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from the representation of the prediction coefficients or for deriving the interpolated prediction 

coefficients from the transformed representation of the prediction coefficients. 

6. Receiver according to claim 4 or 5, characterized in that said transformed 

representation of.prediction parameters is based on line spectral frequencies. 

5 7. Speech decoder for for deriving a reconstructed speech signal from a symbol 

sequence including a representation of a plurality of prediction coefficients and a representation 

of an excitation signal, characterized in that the speech decoder comprises transformation means 

for deriving a transformed representation of said plurality of reflection coefficients more suitable 

for interpolation, in that the speech decoder comprises interpolation means for deriving 

10 interpolated prediction coefficients from the transformed representation of the prediction 

parameters, and in that the decoder is arranged for reconstructing a speech signal on basis of the 

interpolated prediction coefficients. 

8. Speech decoder according to claim 7, characterized in that the interpolation means 

are arranged for deriving in dependence of a control signal, the interpolated prediction 

15 coefficients from the representation of the prediction coefficients or for deriving the interpolated 

prediction coefficients from the transformed representation of the prediction coefficients. 

9. Speech decoder according to claim 6 or 7, characterized in that said transformed 

representation of prediction parameters is based on line spectral frequencies. 

10. Method for deriving a reconstructed speech signal from a symbol sequence 

20 including a representation of a plurality of prediction coefficients and a representation of an 

excitation signal, characterized in that the method comprises deriving a transformed 

representation of said plurality of reflection coefficients more suitable for interpolation, in that 

the method comprises deriving interpolated prediction coefficients from the transformed 

representation of the prediction parameters, and in that the method comprises reconstructing a 

25 speech signal on basis of the interpolated prediction coefficients 
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