arXiv:2207.04025v2 [cs.IT] 29 Nov 2022

Rate-Optimal Streaming Codes Over the Three-Node Decode-And-Forward Relay Network

Shubhransh Singhvi^∗, Gayathri R.^† and P. Vijay Kumar^† ∗Signal Processing & Communications Research Center, International Institute of Information Technology, Hyderabad †Electrical Communication Engineering, Indian Institute of Science, Bangalore email: shubhransh.singhvi@students.iiit.ac.in, {gayathrir, pvk}@iisc.ac.in

Abstract—We study the three-node Decode-and-Forward (D&F) relay network subject to random and burst packet erasures. The source wishes to transmit an infinite stream of packets to the destination via the relay. The three-node D&F relay network is constrained by a decoding delay of T packets, i.e., the packet transmitted by the source at time i must be decoded by the destination by time i+T . For the individual channels from source to relay and relay to destination, we assume a delay-constrained sliding-window (DCSW) based packet-erasure model that can be viewed as a tractable approximation to the commonly-accepted Gilbert-Elliot channel model. Under the model, any time-window of width w contains either up to a random erasures or else erasure burst of length at most b (≥ a). Thus the source-relay and relay-destination channels are modeled as (a1, b1, w1, T1) and (a2, b2, w2, T2) DCSW channels. We first derive an upper bound on the capacity of the three-node D&F relay network. We then show that the upper bound is tight for the parameter regime: max{b1, b2} | (T −b1 −b2 −max{a1, a2}+1), a1 = a2 OR b1 = b2 by constructing streaming codes achieving the bound. The code construction requires field size linear in T , and has decoding complexity equivalent to that of decoding an MDS code.

I. INTRODUCTION Low-latency communication is a critical ingredient of upcoming promising applications such as telesurgery, virtual and augmented reality, industrial automation and self-driving cars [1]. Ultra-Reliable, Low-Latency Communication (URLLC) is one of the three core focus areas of 5G, where latency is measured as the time elapsed between the transmission of a packet from the source and it’s recovery at the receiver. Using ARQ-based schemes to ensure reliability results in an undesirable round-trip delay, which makes it challenging to meet the low latency requirement of URLLC. Physical layer FEC cannot help recover from packet drops arising due to congestion, a wireless link in deep fade or else late packet arrival. Streaming codes represent a packet-level FEC scheme for countering such packet losses.

A. A Brief History of Streaming Codes

Research on streaming codes began with the study of bursterasure correction under a decoding-delay constraint [2], [3]; the authors argued in favor of packet-extension encoding framework, where the redundancy is added within the packets rather than being transmitted as separate packets to avoid adding to network congestion. A measurement study of mobile

This research is supported in part by the J C Bose National Fellowship JCB/2017/000017 and in part by SERB Grant No. CRG/2021/008479.

video calls over wireless networks [4] indicated that packet erasures occur both in an isolated and bursty fashion. In [5], a delay-constrained sliding-window (DCSW) channel model was introduced as a tractable deterministic approximation to the commonly-accepted Gilbert-Elliott erasure channel model [6]–[10] that is capable of causing burst and random erasures. An (a, b, w, T ) DCSW channel imposes a decoding-delay constraint of T , and can cause at most a random erasures or else, a burst of b erasures within any sliding window of size w time slots, where 0 < a ≤ b ≤ T .

w = 5; burst of length 3 w = 5; 2 random erasures tt + 1t + 2t + 3t + 4t + 5t + 6t + 7t + 8t + 9 time −→

Fig. 1: Illustrating a permissible erasure pattern in an (a = 2, b = 3, w = 5, T ) DCSW channel.

In [5], [11], it was shown that one can without loss of generality, set w = T + 1 and hence, we will abbreviate and write (a, b, T ) in place of (a, b, w, T ). A packet-level code is referred to as an (a, b, T ) streaming code if it enables recovery from all the permissible erasure patterns of an (a, b, T ) DCSW channel. The coding rate, denoted by R, of an (a, b, T ) streaming code was shown in [5] to be upper bounded as R ≤ T − a + 1 T − a + 1 + b ≜ C_{a,b,T} . (1) Hence, we will refer to C_{a,b,T} as the point-to-point channel capacity. Code constructions achieving the point-to-point channel capacity for all parameters (a, b, T ) can be found in [12]–[14]. The construction in [12] is not explicit, and requires a field size of q^2, where q ≥ T + b − a is a prime power. [13] provides an explicit construction with a field size that scales quadratically with the delay. Explicit code construction with reduced quadratic field size, q^2, where q ≥ T is presented in [14]. Streaming codes based on staggered diagonal embedding [15]–[17] having linear field size are rate-optimal for special cases. Streaming codes have also been constructed for channels with unequal source-channel inter-arrival rates [5], multiplicative-matrix channels [18] and multiplexed communication scenarios with different decoding delays for different streams [19], [20]. In [21], the authors consider a setting for variable-size arrivals. Locally recoverable streaming codes for packet-erasure recovery were constructed in [22]. Other FEC schemes suitable for streaming setting can be found in [23]– [31]. In contrast to the existing literature on burst and random packet erasure correcting streaming codes which focuses on point-to-point networks, our focus in this paper is on threenode relay network, which consists of a source, a relay and a destination. This kind of topology is often present in content delivery networks [32]–[34]. B. Paper Outline

The three-node D&F relay network and symbol-wise decode-and-forward (SW D&F) strategy are introduced in Section II. An upper bound on the capacity of the three-node D&F relay network is derived in Section III. The Staggered diagonal embedding (SDE) approach [15] is introduced in Section IV. A rate-optimal streaming code construction using the SDE approach and the SW D&F strategy is provided in Section V. Section VI concludes the paper.

II. THREE-NODE RELAY NETWORK

We follow [33] in assuming a D&F network and further, one in which the encoding function at the relay does not take into account the erasure pattern observed over (s, r) channel^1. Such a relaying strategy would be preferred in settings where the relay also has an interest in the contents of the packet stream. The network consists of a source, a destination and a relay between them, which are denoted by s, d and r, respectively. The channel between nodes s and r is denoted by (s, r), and the channel between nodes r and d is denoted by (r, d). We consider the case where the (s, r) and (r, d) channels are subject to both random and burst erasures. Thus the channels (s, r) and (r, d) are modeled as (a_1, b_1, T_1) and (a_2, b_2, T_2) DCSW channels, respectively, where T_1, T_2 < T .

m_i (0) m_i (1) m_i (2) .m^i (k − 1) m_i (0) m_i (1) m_i (2) .m^i (k − 1) p_i(0) .pi(n^1 − k − 1) m_{j0} (ℓ_0) m_{j1} (ℓ_1) m_{j2} (ℓ_2) .m^jk−1 (ℓ^{k−1} ) p^{(r)}_i (0) .p^{(r)}i (n^2 − k − 1) m_i ∈ F^k_q sx_i ∈ F^{n1}_q (a_1, b_1, T_1) rx^{(r)}_i ∈ F^{n2}_q (a_2, b_2, T_2) dm̂_{i−T} ∈ F^k_q

Fig. 2: Illustrating a three-node D&F relay network under packetextension framework. Here, (.) denotes the symbol index in a packet. The time instances j0, j1, . . . , j_{k−1} ∈ [0, i], and the symbol indices ℓ0, ℓ1, . . . , ℓ_{k−1} ∈ [0, k − 1]. Node s wishes to transmit an infinite stream of packets {m_i}^∞_{i=0} to node d via the node r. At any time i, as shown in

1This assumption is relaxed in the more recent work [35].

Fig. (3), the source encodes the packet m_i ∈ F^k_q , into a coded packet x_i = [m^⊺_i , p^⊺_i ]^⊺ ∈ F^{n1}_q , where the parity p_i ∈ F^{n1 −k}_q in general depends upon all prior and current message packets {m_j }^i_{j=0}. The encoded packet is transmitted to the relay via the (s, r) channel, and the relay receives y^{(r)}_i ∈ F^{n1}_q ∪ {∗}, where y^{(r)}_i equals either x_i or erasure symbol “∗”. In the same time slot i, the relay transmits x^{(r)}_i ∈ F^{n2}_q to the destination through the (r, d) channel. The transmitted packet at the relay is permitted to be a function of all the received packets till time i; {y^{(r)}_j }^i_{j=0}^2. The destination receives y_i ∈ F^{n2}_q ∪ {∗} where y_i equals either x^{(r)}_i or erasure symbol “ ∗ ”. The decoding-delay constraint of T is construed as requiring that destination must produce an estimate of m_i, denoted by m̂_i, upon receiving y_{i+T} . The overall coding rate of the network, denoted by R_{(s,r,d)}, is given by [33]: R_{(s,r,d)} ≜ k max{n_1, n_2}

. (2)

A packet-level code over the three-node D&F relay network will be referred to as an (a_1, b_1, a_2, b_2, T ) streaming code if it can simultaneously recover under the overall decoding-delay T from all the permissible erasure patterns of the (s, r) and (r, d) channels. It is entirely possible that the packet-level code employs a coding technique that causes different message symbols lying within the same packet to be decoded with different delays. For example, this is the case with the diagonal embedding and staggered diagonal embedding approaches employed in [12]–[17]. This suggests that as shown in Fig. (3), (r, d) encoding scheme may group together message symbols belonging to different (s, r) packets to form the message symbols that are part of the same packet transmitted from the relay to destination. Such an approach was successfully adopted in [33] for the case when the (s, r) and (r, d) channels encountered only arbitrary erasures. This approach was termed as Symbol-Wise Decode-and-Forward (SW D&F). With this in mind, we introduce the concept of delay profile [33].

Definition 1. A delay profile for a k-length message packet is defined as d = ( (t_0, τ_0), (t_1, τ_1), . . . , (t_{k−1}, τ_{k−1}) ) , where (t_ℓ, τ_ℓ) ∈ Z^2_+ denotes the decoding delay of m_i(ℓ) at (s, r) and (r, d) channels, respectively, for any time i. The first-hop and second-hop delay profiles are defined to be (t_0, t_1, . . . , t_{k−1}) and (τ_0, τ_1, . . . , τ_{k−1}), respectively. m_i(l)st_lrτ_ld Fig. 3: Illustrating a delay profile for the three-node D&F relay network. Note that the decoding delays are independent of i.

Thus, the overall decoding delay can be interpreted as requiring that the delay profile satisfies the following constraint

t_ℓ + τ_ℓ ≤ T, (3)

where ℓ ∈ [0, k − 1].

2We follow [33] in adopting this convention.

III. AN UPPER BOUND ON THREE-NODE DECODE-AND-FORWARD RELAY NETWORK CAPACITY

In this section, we first define the capacity of the three-node D&F relay network and then derive an upper bound on it.

Definition 2. The capacity of three-node D&F relay network, denoted by C_{a1,b1 ,a2,b2,T} , is the maximum rate achievable by (a_1, b_1, a_2, b_2, T ) streaming codes, i.e.,

C_{a1 ,b1,a2,b2 ,T} ≜ sup k max{n_1 ,n_2} | | | | | | There exists an (a1, b1, a2, b2, T ) streaming code with parameters (k, n1, n2)_{Fq} .

Theorem 1. For any (a_1, b_1, a_2, b_2, T ), C_{a1,b1,a2 ,b2,T} ≤ min{C_{a1,b1,T −b2} , C_{a2,b2,T −b1} }, (4) where C_{ai,bi,Ti} are the point-to-point channel capacities.

Proof. The bound can be derived as follows. If the source transmits at a rate in excess of C_{a1,b1,T −b2} , then there is at least one permissible erasure pattern which will make it impossible to decode a packet transmitted at time i by time i + T − b_2 at the relay. If the (r, d) channel then experiences a burst of duration b_2, then this will make it impossible for the destination to recover packet i by time (i + T ). Therefore, C_{a1 ,b1,a2,b2,T} ≤ C_{a1 ,b1,T −b2} . The upper bound C_{a1,b1 ,a2,b2,T} ≤ C_{a2,b2 ,T −b1} follows from noting that an initial burst of duration b_1 on the (s, r) channel, is equivalent to reducing the time available for the relay to convey information to the destination by an amount b_1.

IV. STAGGERED DIAGONAL EMBEDDING

We use the staggered diagonal embedding (SDE) approach introduced in [15] to construct a rate-optimal code over the three-node D&F relay network. As shown in Section V, the SDE approach enables matching of channel-level delay profiles to satisfy the overall decoding delay constraint.

c_0c^1 c_2 c^3 c_4c^5

burst of length 6 each column represents a packet

Fig. 4: Staggered diagonal embedding of a codeword in [6, 3]MDSbase code within the packet stream. The contents of the codeword can be successfully recovered as a burst of length 6 erases at most 3 symbols of the diagonally-embedded codeword.

In [15], for an (a, b, T ) DCSW channel, SDE approach was used to construct a rate-optimal streaming code for the parameter regime: b | T − a + 1, with field size linear in T . We briefly describe the SDE approach below.

Let C be an [n, k] linear code in systematic form, with the first k code symbols corresponding to the message symbols. Let N ≥ n be an integer and let S be a subset of [0 : N − 1] of size n: S = {i_0, i_1, . . . , i_{n−1}} ⊆ [0 : N − 1], where 0 ≜ i_0 < i_1 < · · · < i_{n−1} ≜ N − 1. Let x_i(ℓ) denote the (ℓ + 1)^{th} symbol of the coded packet x_i for each ℓ ∈ 0, 1, . . . , n − 1. Then for every time i, the collection of symbols ( x_{i+i0} (0), x_{i+i1} (1), · · · , x_{i+in−1} (n − 1) ) forms a codeword in code C. The set S is called as the placement set as it determines the placement in time of the code symbols of C within the packet stream, and N is referred to as the dispersion-span parameter. The packet-level code thus constructed through SDE, has rate^k_n . The code C is referred to as the base code.

A. Construction of an (a, b, T ) streaming code using SDE of an MDS-Base-Code

In [15], it was shown that the SDE approach yields (a, b, T ) streaming codes meeting the dispersion-span constraint N ≤ T + 1 for all parameters {a, b, T }. Let T + 1 = mb + δ_1, with 0 ≤ δ_1 < b and set δ_2 ≜ min{δ_1, a}. Let the base code C be an [n = k + a, k] MDS code, where k ∈ Z_+. The authors of [15] selected the value of the parameter k to be the maximum possible, which is (m − 1)a + δ_2 but for ensuring optimality over the three-node D&F relay network we require a wider range for k, thus we assume that k ≤ (m − 1)a + δ_2. Additionally let the dispersion-span parameter and dispersion set be given by: N = n + (b − a). ⌊ n − 1 a ⌋ , (5) S = n−1⋃ i=0 { i + (b − a). ⌊ i a ⌋} , (6)

respectively. Since k ≤ (m − 1)a + δ_2, it follows that N ≤ ma + δ_2 + (b − a). ⌊ ma + δ_2 − 1 a ⌋

= mb + δ_2 ≤ mb + δ_1 = T + 1.

The delay profile simply follows from the dispersion-span parameter and the displacement set; the decoding delay of the j^{th} message symbol is t_j = N − 1 − j − (b − a). ⌊ j a ⌋ ≤ T, (7) where j ∈ [0, k − 1]. Also, as shown in Fig. (4), it can be seen that the erasure of any successive b packets corresponds to the erasure of exactly a code symbols belonging to the base code C. Thus, due to the MDS nature of C, the packet-level code can tolerate a burst of length b and any a random erasures. Therefore, the packet-level code constructed using the SDE approach is an (a, b, T ) streaming code. As the base code is an MDS code, the code construction requires linear field size.

V. RATE-OPTIMAL CODE CONSTRUCTION FOR THE THREE-NODE D&F RELAY NETWORK

We first present an example, shown in Fig. (5), to demonstrate how SDE approach and SW D&F strategy are employed to construct a rate-optimal (a_1 = 1, b_1 = 2, a_2 = 1, b_2 = 3, T = 8) streaming code. From (4), the capacity is upper bounded by C_{a1,b1,a2,b2 ,} ≤ min{C_{a1,b1,T −b2} , C_{a2 ,b2,T −b1} } = min { 8 − 3 − 1 + 1 8 − 3 − 1 + 1 + 2 , 8 − 2 − 1 + 1 8 − 2 − 1 + 1 + 3 }

= min { 5 7 , 6 9 } = 2 3 . For the (s, r) channel, we use an [3, 2] MDS code as the base code to construct (a_1 = 1, b_1 = 2, T_1 = 5) streaming code. Similarly, for the (r, d) channel, we use an [3, 2] MDS code as the base code to construct (a_2 = 1, b_2 = 3, T_2 = 6) streaming code. While re-encoding the decoded message symbols at the relay node, the order of the packet symbols within a packet is flipped. Therefore, from (7), the delay profile of the packet is ( (t_0 = 4, τ_0 = 3), (t_1 = 2, τ_1 = 6) ) . From the delay profile, it can be seen that the overall decoding delay for each packet symbol is ≤ 8 packets. Therefore, the code construction is a rate-optimal (a_1 = 1, b_1 = 2, a_2 = 1, b_2 = 3, T = 8) streaming code.

To construct a rate-optimal (a_1, a_2, b_1, b_2, T ) streaming code over the three-node D&F relay network, we require the parameters k, n_1, n_2 to satisfy: R_{(s,r,d)} = k max{n_1, n_2} = min{C_{a1,b1 ,T −b2} , C_{a2 ,b2,T −b1} }. It can be shown that this leads to:

k = max {a^′_1, a^′_2} . min {_{T −b2 −a1+1} b_1 ,

T −b_1−a_2 +1 b_2 } , (8)

where a^′_1 = n_1 − k and a^′_2 = n_2 − k. We now describe the code construction.

Construction 1.

Let a ≜ max{a_1, a_2}, b^′_u ≜ max{b_u, a}, α ≜ T + 1 − b^′_1 − b^′_2 − a, for u ∈ [1, 2]. We select T_1 = T − b^′_2 and T_2 = T − b^′_1 as the channel-level decoding delay constraints for the (s, r) and (r, d) channels, respectively. Thus, the (s, r) and (r, d) channels are modeled as (a_1, b_1, T − b^′_2) DCSW and (a_2, b_2, T −b^′_1) DCSW channels. We then construct (a, b^′_1, T − b^′_2) and (a, b^′_2, T −b^′_1) streaming codes for the (s, r) and (r, d) channels, respectively, using SDE of [⌊k⌋ + a, ⌊k⌋] MDS base codes for both the channels, where k is k = max {a, a} . min { T − b^′_2 − a + 1 b^′_1 , T − b^′_1 − a + 1 b^′_2 }

= a. min { α b^′_1

+ 1, α b^′_2 + 1 } = a. T − min{b^′_1, b^′_2} − a + 1 max{b^′_1, b^′_2} . Let u ∈ [1 : 2], from (5), the dispersion-span parameters are

N_u = n_u + (b^′_u − a). ⌊ n_u − 1 a ⌋ . While re-encoding the message symbols at the relay node, the order of the message symbols within a packet is flipped following the approach adopted in [33]. From (7), it follows that the decoding delays of the j^{th} message symbol across the (s, r) and (r, d) channels are given by

t_j = N_1 − 1 − j − (b^′_1 − a). ⌊ j a ⌋ , τ_j = N_2 − 1 − (k − 1 − j) − (b^′_2 − a). ⌊ k − 1 − j a ⌋ , respectively, where j ∈ [0 : k − 1].

We next present a lemma involving numerics.

Lemma 1. Let x, y, z ∈ Z, z > 0. Let x = q_1z + r_1 and y = q_2z+r_2, where q_1 = ⌊_x z ⌋ , r_1 ≡ x mod z, q_2 = ⌊_y z ⌋ , r_2 ≡ y mod z. ⌊ x z − y z ⌋ = { q_1 − q_2 r_1 ≥ r_2 q_1 − q_2 − 1 r_1 < r_2.

Proof. ⌊ x z − y z ⌋ = ⌊ q_1z + r_1 z − q_2z + r_2 z ⌋

= ⌊ q_1 − q_2 + r_1 z − r_2 z ⌋

= q_1 − q_2 + ⌊ r_1 z − r_2 z ⌋

from which the result follows = { q_1 − q_2 r_1 ≥ r_2 q_1 − q_2 − 1 r_1 < r_2.

Theorem 2. If T, a_1, a_2, b_1, b_2 satisfy:

max{b^′_1, b^′_2} | α, a_1 = a_2 OR b_1 = b_2 then construction 1 is a rate-optimal (a_1, a_2, b_1, b_2, T ) streaming code.

Proof. Since max{b^′_1, b^′_2}|(T − min{b^′_1, b^′_2} + 1 − a), ⌊k⌋ = k. Therefore, when a_1 = a_2 or b_1 = b_2, Construction 1 in this parameter regime is rate-optimal. Since, in this parameter regime a | k, it follows that

N_u = n_u + (b^′_u − a) ( n_u a − 1 )

time i m_i[0] m_i[1] m_{i−4}[0] + m_{i−2}[1]

10m10[0] m_{10}[1] m_6[0] + m_8[1] 11m11[0] m_{11}[1] m_7[0] + m_9[1] 12m12[0] m_{12}[1] m_8[0] + m_{10}[1] 13m13[0] m_{13}[1] m_9[0] + m_{11}[1] 14m14[0] m_{14}[1] m_{10}[0] + m_{12}[1] 15m15[0] m_{15}[1] m_{11}[0] + m_{13}[1] 16m16[0] m_{16}[1] m_{12}[0] + m_{14}[1]

(a) Transmitted symbols at node s from time 10 to 16

time i m_{i−2}[1] m_{i−4}[0] m_{i−8}[1] + m_{i−7}[0] 12m10[1] m_8[0] m_4[1] + m_5[0] 13m11[1] m_9[0] m_5[1] + m_6[0] 14m12[1] m_{10}[0] m_6[1] + m_7[0] 15m13[1] m_{11}[0] m_7[1] + m_8[0] 16m14[1] m_{12}[0] m_8[1] + m_9[0] 17m15[1] m_{13}[0] m_9[1] + m_{10}[0]

18m16[1] m_{14}[0] m_{10}[1] + m_{11}[0] 19m17[1] m_{15}[0] m_{11}[1] + m_{12}[0] 20m18[1] m_{16}[0] m_{12}[1] + m_{13}[0]

(b) Transmitted symbols at node r from time 12 to 20

time i m_{i−8}[1] m_{i−7}[0]

15m7[1] m_8[0]16m_8[1] m_9[0]17m_9[1] m_{10}[0]18m_{10}[1] m_{11}[0]19m_{11}[1] m_{12}[0]20m_{12}[1] m_{13}[0]21m_{13}[1] m_{14}[0]

(c) Recovered symbols at node d from time 15 to 21

Fig. 5: Rate-optimal (a1 = 1, b1 = 2, a2 = 1, b2 = 3, T = 8) streaming code

= k + a + (b^′_u − a) k a = a + b^′_u k a . It can be verified that the dispersion-span constraint is met for the both the channels. From (3), we have that for j ∈ [0, k − 1], t_j + τ_j ≤ T or equivalently,

N_1 + N_2 − k − 1 − (b^′_1 − a). ⌊_j a ⌋ − (b^′_2 − a). ⌊_{k−1−j} a ⌋ ≤ T . Consider the L.H.S. ≜ f(j) of the above inequality,

f(j) = N_1 + N_2 − k − 1 − (b^′_1 − a) ⌊_j a ⌋ − (b^′_2 − a) ⌊_{k−1−j} a ⌋ . Since a | k, we have that f(j) is equal to

N_1 + N_2 − k − 1 − (b^′_1 − a) ⌊_j a ⌋ − (b^′_2 − a) (_k a + ⌊_{−1−j} a ⌋) . From Lemma 1, it follows that ⌊_{−1} a −^j_a ⌋ = ⌊_{−1} a ⌋ − ⌊_j a ⌋ = −1 − ⌊_j a ⌋ . Therefore,

f(j) = N_1 + N_2 − 1 − a − b^′_2 k a + b^′_2 − (b^′_1 − b^′_2) ⌊ j a ⌋

= N_1 − 1 + b^′_2 − (b^′_1 − b^′_2) ⌊ j a ⌋ . For the inequality to hold for all j ∈ [0 : k − 1], the following constriant must be satisfied: max j∈[0:k−1] f(j) ≤ T. Case I: b^′_1 ≥ b^′_2 : If b^′_1 − b^′_2 > 0 then f(j) is maximum at j = 0, else b^′_1 = b^′_2 then f(j) = N_1 − 1 + b^′_2. Therefore, max j∈[0:k−1] f(j) = N_1 − 1 + b^′_2.

It then follows from the dispersion-span constraint that max j∈[0:k−1] f(j) ≤ T − b^′_2 + 1 − 1 + b^′_2 = T.

Case II: b^′_1 < b^′_2 : As b^′_1 − b^′_2 < 0, f(j) is maximum when j = k − 1. Therefore, max j∈[0:k−1] f(j) = N_1 − 1 + b^′_2 − (b^′_1 − b^′_2) ⌊ k − 1 a ⌋ . Since a | k, max j∈[0:k−1] f(j) = N_1 − 1 + b^′_2 − (b^′_1 − b^′_2) ( k a − 1 )

= N_1 − 1 + b^′_1 + (b^′_2 − b^′_1) ( k a )

= a − 1 + b^′_1 + b^′_2 ( k a )

= N_2 − 1 + b^′_1.

It then follows from the dispersion-span constraint that max j∈[0:k−1] f(j) ≤ T − b^′_1 + 1 − 1 + b^′_1 = T.

Therefore, Construction 1 satisfies the decoding delay constraint. As we have used an (a, b^′_1, T − b^′_2) streaming code for the (s, r) channel, the code can recover from any permissible erasures of (a_1, b_1, T − b^′_2) DCSW channel. Similarly, for the (r, d) channel, as we have used an (a, b^′_2, T − b^′_1) streaming code, the code can recover from any permissible erasures of (a_2, b_2, T − b^′_1) DCSW channel. Therefore, Construction 1 is a rate-optimal (a_1, a_2, b_1, b_2, T ) streaming code.

VI. CONCLUSIONS An upper bound on the capacity of three-node decodeand-forward relay network was derived, and was shown to be tight for the parameter regime: max{b_1, b_2} | (T − b_1 − b_2 − max{a_1, a_2} + 1), a_1 = a_2 OR b_1 = b_2. A rate-optimal code construction having a field size linear in decoding delay, T , was designed by using staggered diagonal embedding approach and symbol-wise D&F strategy.

REFERENCES

[1] 5G. Americas, “5G Services Innovation,” 2019. [2] E. Martinian and C. W. Sundberg, “Burst erasure correction codes with low decoding delay,” IEEE Trans. Inf. Theory, vol. 50, no. 10, pp. 2494–2502, 2004.

[3] E. Martinian and M. Trott, “Delay-Optimal Burst Erasure Code Construction,” in Proc. Int. Symp. Inf. Theory, Nice, France, June 24-29, 2007. IEEE, pp. 1006–1010.

[4] C. Yu, Y. Xu, B. Liu, and Y. Liu, “‘Can you SEE me now?’ A measure-ment study of mobile video calls,” in Proc. INFOCOM, Apr./May 2014,pp. 1456–1464.

[5] A. Badr, P. Patil, A. Khisti, W. Tan, and J. G. Apostolopoulos, “Layered Constructions for Low-Delay Streaming Codes,” IEEE Trans. Inf. Theory, vol. 63, no. 1, pp. 111–141, 2017.

[6] E. N. Gilbert, “Capacity of a burst-noise channel,” Bell system technical journal, vol. 39, no. 5, pp. 1253–1265, 1960.

[7] E. O. Elliott, “Estimates of error rates for codes on burst-noise channels,” The Bell System Technical Journal, vol. 42, no. 5, pp. 1977–1997, 1963.

[8] G. Haßlinger and O. Hohlfeld, “The Gilbert-Elliott model for packet loss in real time services on the internet,” in Proc. 14th GI/ITG Conference on Measurement, Modelling and Evaluation of Computer and Communication Systems. VDE Verlag, 2008, pp. 269–286.

[9] M. Vajha, V. Ramkumar, M. Jhamtani, and P. V. Kumar, “On sliding window approximation of gilbert-elliott channel for delay constrained setting,” CoRR, vol. abs/2005.06921, 2020.

[10] M. Vajha, V. Ramkumar, M. Jhamtani and P. V. Kumar, “On the Performance Analysis of Streaming Codes over the Gilbert- Elliott Channel”, 2021 IEEE Information Theory Workshop (ITW), 2021, pp. 1-6.

[11] M. N. Krishnan, D. Shukla, and P. V. Kumar, “Low Field-size, Rate-Optimal Streaming Codes for Channels With Burst and Random Erasures,” 2019, arXiv:1903.06210.

[12] M. N. Krishnan and P. V. Kumar, “Rate-Optimal Streaming Codes for Channels with Burst and Isolated Erasures,” in Proc. Int. Symp. Inf. Theory, Vail, CO, USA, June 17-22, 2018. IEEE, pp. 1809–1813.

[13] E. Domanovitz, S. L. Fong, and A. Khisti, “An Explicit Rate- Optimal Streaming Code for Channels with Burst and Arbitrary Erasures,” in Proc. Inf. Theory Workshop, Visby, Sweden, August 25-28, 2019. IEEE, 2019, pp. 1–5.

[14] M. Vajha, V. Ramkumar, M. N. Krishnan, and P. V. Kumar, “Explicit Rate-Optimal Streaming Codes with Smaller Field Size,” CoRR, vol. abs/2105.04432, 2021.

[15] M. N. Krishnan, V. Ramkumar, M. Vajha, and P. V. Kumar, “Simple streaming codes for reliable, low-latency communication,” IEEE Commun. Lett., vol. 24, no. 2, pp. 249–253, 2020.

[16] V. Ramkumar, M. Vajha, M. N. Krishnan, and P. V. Kumar, “Staggered diagonal embedding based linear field size streaming codes,” in IEEE International Symposium on Information Theory, ISIT 2020, Los Angeles, CA, USA, June 21-26, 2020, 2020, pp. 503–508.

[17] V. Ramkumar, M. Vajha, and P. V. Kumar, “Generalized Simple Streaming Codes from MDS Codes,” CoRR, vol. abs/2104.07005, 2021.

[18] R. Mahmood, A. Badr, and A. Khisti, “Streaming Codes for Multiplicative-Matrix Channels With Burst Rank Loss,” IEEE Trans. Inf. Theory, vol. 64, no. 7, pp. 5296–5311, 2018.

[19] A. Badr, D. Lui, A. Khisti, W. Tan, X. Zhu, and J. Apostolopoulos, “Multiplexed Coding for Multiple Streams With Different Decoding Delays,” IEEE Trans. Inf. Theory, vol. 64, no. 6, pp. 4365–4378, 2018.

[20] S. L. Fong, A. Khisti, B. Li, W.-T. Tan, X. Zhu and J. Apostolopoulos, ’Optimal Multiplexed Erasure Codes for Streaming

Messages With Different Decoding Delays’, IEEE Trans. Inf. Theory, vol. 66, no. 7, pp. 4007-4018, 2020 [21] M. Rudow and K. V. Rashmi, “Streaming codes for variable-size arrivals,” in Proc. 56th Annu. Allerton Conf. Communication, Control, and Computing, 2018, pp. 733–740.

[22] V. Ramkumar, M. Vajha and P. V. Kumar, “Locally Recoverable Streaming Codes for Packet-Erasure Recovery”, 2021 IEEE Information Theory Workshop (ITW), 2021, pp. 1-6.

[23] N. Adler and Y. Cassuto, “Burst-erasure correcting codes with optimal average delay,” IEEE Trans. Inf. Theory, vol. 63, no. 5, pp. 2848–2865, 2017.

[24] D. Leong and T. Ho, “Erasure coding for real-time streaming,” in Proceedings of the 2012 IEEE International Symposium on Information Theory, ISIT 2012, Cambridge, MA, USA, July 1-6, 2012, 2012, pp. 289–293.

[25] D. Leong, A. Qureshi, and T. Ho, “On coding for real-time streaming under packet erasures,” in Proceedings of the 2013 IEEE International Symposium on Information Theory, Istanbul, Turkey, July 7-12, 2013, 2013, pp. 1012–1016.

[26] D. Malak, M. Médard, and E. M. Yeh, “Tiny codes for guaranteeable delay,” IEEE Journal on Selected Areas in Communications, vol. 37, no. 4, pp. 809–825, 2019.

[27] S. Yang and R. W. Yeung, “Batched sparse codes,” IEEE Trans.

Inf. Theory, vol. 60, no. 9, pp. 5322–5346, 2014.

[28] A. Shokrollahi, “Raptor codes,” IEEE Trans. Inf. Theory, vol. 52, no. 6, pp. 2551–2567, 2006.

[29] A. R. Iyengar, P. H. Siegel, R. L. Urbanke, and J. K. Wolf, “Windowed decoding of spatially coupled codes,” IEEE Trans. Inf. Theory, vol. 59, no. 4, pp. 2277–2292, 2013.

[30] A. J. Feltström and K. S. Zigangirov, “Time-varying periodic convolutional codes with low-density parity-check matrix,” IEEE Trans. Inf. Theory, vol. 45, no. 6, pp. 2181–2191, 1999.

[31] S. C. Draper and A. Khisti, “Truncated tree codes for streaming data: Infinite-memory reliability using finite memory,” in 8th International Symposium on Wireless Communication Systems, ISWCS 2011, Aachen, Germany, November 6-9, 2011, 2011, pp. 136–140.

[32] C. Kachris and I. Tomkos, “A survey on optical interconnects for datacenters,” IEEE Commun. Surv. Tutorials, vol. 14, no. 4, pp. 1021–1036, 2012.

[33] S. L. Fong, A. Khisti, B. Li, W. Tan, X. Zhu, and J. G. Apostolopoulos,“Optimal Streaming Erasure Codes Over the Three- Node Relay Network,”IEEE Trans. Inf. Theory, vol. 66, no. 5, pp. 2696–2712, 2020.

[34] M. N. Krishnan, G. K. Facenda, E. Domanovitz, A. Khisti, W. T. Tan and J. Apostolopoulos, ”High Rate Streaming Codes Over the Three-Node Relay Network,” 2021 IEEE Information Theory Workshop (ITW), 2021, pp. 1-6.

[35] G. K. Facenda, M. N. Krishnan, E. Domanovitz, S. L. Fong, A.

Khisti, W.-T. Tan, and J. Apostolopoulos, “Adaptive relaying for streaming erasure codes in a three-node relay network,” arXiv, 2022, arXiv:2203.05102 [cs.IT]